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PREFACE 


The reproduction of sound is so commonplace to-day that it is taken 
for granted by the layman. Nevertheless, the developments during the 
past two decades in the arts of communications and sound reproduction 
have been remarkable. In the early stages of the present epoch of progress 
the advances were made by pure scientists. As in the metamorphosis of 
any art, the burden has been gradually shifted to the applied scientist and 
engineer. These changes have led to a demand for expositions upon the 
fundamental principles of the new applied science of acoustics from the 
standpoint of the engineer. Accordingly, this book has been written with 
the idea of presenting the elements and principles of acoustics to the 
engineer. 

This text is the subject matter of thirty lectures prepared for presenta- 
tion at Columbia University. It is an exposition of the fundamental prin- 
ciples used in modern acoustics and a description of the existing acoustical 
instruments. Particular efforts have been directed towards the develop- 
ment of analogies between electrical, mechanical and acoustical systems, 
because engineers have found that the reduction of a vibrating system to 
the equivalent electrical circuit is a valuable aid in the analysis of vibrating 
systems. These methods will become increasingly important as the front 
of engineering acoustics is broadened. As an aid to the establishment of 
these analogies an attempt has been made to depict a complete theme in 
each illustration. 

The book includes the current acoustic practices in radio, phonograph, 
sound motion pictures, public address, .sound re-enforcing and sound mea- 
surements. Practically all modern transducers such as microphones, loud 
speakers, headphones and phonograph pickups are treated from the me- 
chanical or the acoustical impedance viewpoint. 

A knowledge of acoustics principles is not required for an understanding 
of the subject matter. The text may be read and understood by anyone 
familiar with the principles of elementary phy.sics and simple electric cir- 
cuit theory. 

I'he author wishes to express his gratitude to his wife, Lorene E. Olson, 
for assistance in the compilation, preparation and correction of the manu- 
script. 
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ELEMENTS OF ACOUSTICAL ENGINEERING 


CHAPTER I 

SOUND WAVES 

1.1. Introduction. — A knowledge of the elements of acoustics is be- 
coming increasingly important to any profession depending in any manner 
upon acoustics. Modern civilization is becoming more critical of sound 
reproduction. The radio receiver, phonograph, sound motion picture or 
sound re-enforcing system of a few years ago is not acceptable to-day. 
Auditoriums and studios must exhibit proper acoustic qualities. Reduc- 
tion of noise in all types of machinery and appliances is demanded by the 
consumers. Acoustics is one of the oldest divisions of physics. A few 
years ago it appeared to be a decadent science. To-day acoustics is an 
important and necessary branch of Applied Science and its application to 
every phase of modern civilization is in its infancy. 

The widespread interest in the phonograph, radio broadcasting, sound 
motion pictures, sound re-enforcing, architectural acoustics and noise 
problems has stimulated research and developments in these fields. During 
the early stages progress was made by the trial and error method. Later, 
by the extension and application of scientific knowledge, results have been 
obtained that could not have been accomplished by other means. A major 
portion of the problems in acoustics is concerned with vibrating systems. 
Comparisons between these problems and those of electricity considered 
from a dynamical viewpoint have led to impedance methods in acoustics. 
By a judicious application of dynamical theory and experimental research, 
the science of acoustics has developed into a wide field of interesting phe- 
nomena and with countless useful applications. 

In this book, the author has attempted to outline the essentials of acous- 
tics from the standpoint of the engineer or applied scientist. The book 
has been written and illustrated so that the derivations may be taken for 
granted. 'I'lie concepts of mechanical and acoustical impedance have 
been introduced and applied so that anyone who is familiar with electrical 
circuits will be able to analyze the action of vibrating systems. 

1 



SOUND WAVES 


1 . 2 . Sound Waves. -Sound is an alteration in pressure particle dis- 
placement or particle velocity propagat^ m an elastic m.vtci lal or the 

superposition of such propagated alterations. 

Sound is also the sensation produced through the ear by the alte. atums 


described above. 

Sound is produced when air is set into vibration by any niean.s whatso- 
ever, but sound is usually produced by some vibrating object which is m 
contact with the air. If a string, such as used in a banjo or similar in- 
strument, is stretched between two solid supports and plucked, sound is 
produced which dies down in a fairly short time. When t e^ sti ing is 
plucked it tends to spring back into its rest position, but due to its weight 
(mass) and speed (velocity) it goes beyond its normal position of rest. 
Xherij in returning it again goes beyond its normal position of rest. 1 he 
excursions become smaller and smaller and finally the string conics to rest. 
As the string moves forward it pushes air before it and compresses it,^ while 
air rushes in to fill the space left behind the moving string. In this way 
air is set in motion. Since air is an elastic medium, the disturbed portion 
transmits its motion to the surrounding air so that the disturbance is propa- 
gated in all directions from the source of disturbance. 

If the string is connected in some way to a diaphragm such as a stretched, 
drumhead of a banjo, the motion is transmitted to the drum. 1 he drum, 
having a large area exposed to the air, sets a greater volume of air in 
motion and a much louder sound is produced. 

If a light piston several inches in diameter, surrounded by a suitable 
baffle board several feet across, is set in rapid oscillating motion (vibration) 
by some external means sound is produced (Fig. 1.1). I'he air in front of 
the piston is compressed when it is driven forward, and the surrounding air 
expands to fill up the space left by the retreating piston when it is drawn 
back. Thus we have a series of compressions and rarefactions (expan- 
sions) of the air as the piston is driven back and forth. Due to the elas- 
ticity of air these areas of compression and rarefaction do not remain sta- 
tionary but move outward in all directions. If a pressure gauge were set 
up at a fixed point and the variation in pressure noted, it would be found 
that the pressure varies in regular intervals and in equal amounts above 
and below the average atmospheric pressure. Of course, the actual varia- 
tions could not be seen because of the high rate at which they occur. Now, 
suppose that the instantaneous pressure, along a line in the direction of 
sound propagation, is measured and plotted with the ordinates representing 
the pressure; the result would be a wavy line as shown in Fig. l.I. The 
points above the straight line represent positive pressures (compressions, 
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condensations); the points below represent negative pressures (expansions, 
rarefactions) with respect to the normal atmospheric pressure represented 
by the straight line. 

hrom the above examples a few of the properties of sound waves and 
vibrations in general may be defined. 



Fio. 1.1. Production of sound waves by a vibrating piston. 


Periodic Quantity. — A periodic quantity is an oscillating quantity the 
values of which recur for equal increments of the independent variable. 

Cycle. One complete set of recurrent values of a periodic quantity 
comprises a cycle. Or, in other words, any one set of variations starting 
at one condition and returning once to the same condition is a cycle. 

Period. — The period is the time required for one cycle of a periodic 
quantity. 

Frequency. The number of cycles occurring per unit of time, or which 
would occur per unit of time if all subsequent cycles were identical with 
the cycle under consideration is the frequency. The unit is the cycle per 
second. 

Fundei77icnteil Frequency. fundamental frequency is the lowest com- 
ponent frec]uency of a periodic wave or quantity. 

Har7nonic — A harmonieds a component of a periodic wave or quantity 
having a frequency which is an integral multiple of the fundamental fre- 
quency. For example, a component, if the frequency of which is twice the 
fundamental frequency, is called the second harmonic. 

Subharmonic. — A subharmonic is a componentof a complex wave having 
a frequency which is an integral submultiple of the basic frequency. 

W avelength. — The wavelength of a periodic wave in an isotropic medium 
is the perpendicular distance between two wave fronts in which the dis- 
placements have a pha.se difference of one complete cycle. 
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Octave . — An octave is the interval between two frequencies having a. 
ratio of two to one. 

A transducer is a device by means of which energy may- 
flow from one or more transmission systems to one or more other trans- 
mission systems. The energy transmitted by these systems may be of 
any form (for example, it may be electrical, mechanical or acoustical) and 
it may be the same form or diflFerent forms in the various input and out- 
put systems. 

The example of Fig. 1.1 has shown graphically some of the properties 
of wave motion. It is the purpose of the next section to derive the fun-, 
damental wave equation. It is not necessary that the reader digest all 
the assumptions and processes involved in order to obtain valuable infor- 
mation concerning the properties of a sound wave. 

1.3. Acoustic Wave Equation. — The general case of sound propagation 
involves three dimensions. The general relation for sound propagation 
of small amplitudes in three dimensions will be derived and then these 
relations will be applied to special problems. 

A. Equation of Continuity , — The fundamental equation of hydrokinetics 
is the equation of continuity. This equation is merely a mathematical 
statement of an otherwise obvious fact that matter is neither created nor 
destroyed in the interior of the medium. That is, the amount of matter 
which enters the boundaries of a small volume equals the increase of matter 
inside. Consider the influx and eiflux through each pair of faces <3f the 
cube of dimensions Ay and Az, the difference between the latter and 
the former for the whole cube is 


-[ 


a(p'«) , a(p'o) , d{p'w) 


dx 


+ 


dy 


+ 


dz 


r 


Lx Ay Lz 


l.l 


where yj 2 = coordinates of a particle in the medium, 

Uy VyW component velocities of a particle in the medium, and 
p' = density of the medium. 

• dp' 

The rate of growth of mass A^ Ay Az in the cube mu.st he equal to 
the expression 1.1 This may be written as 


^ d(p'u) d(p'v) B (p'tv) 
I dx dy dz 


1.2 


where t = time. 

This is the equation of continuity which signifies the conservation of mat- 
ter and the three dimensionality of space. 
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B. Equation of Motion. — Referring again to the space Lx Ly Az the 

Su 

acceleration of momentum parallel to .v is p' Ax Ay Az — . The mean pres- 

o/ 

sures on the faces perpendicular to x are 

/ , dpo' Ax\ . ( , Ax\ 

v- (?” + IT 2?) 

whereto' = pressure in the medium. 

The difference is a force Ax Ay Az in the direction of increasing x. 

dx 

Equating this to the acceleration of momentum, the result is the equation 
of motion, 

^ du ^ dpo' ^ ^ ^ dpo' , ^ dpQ^ ^ ^ 

^ dl dx ^ ^ dt dy ^ ^ dt dz 

The equation of motion may be written 


dVu. 

dt 


+ - Grad = 0 


C, Compressibility of a Gas. 'Fhe next property of a gas which is used 

to derive the wave equation depends upon the thermodynamic properties 
of gases. The expansions and contractions in a sound wave are too rapid 
for the temperature of the gas to remain constant. The changes in pres- 
sure and density are so rapid that practiciilly no heat energy has time to 
flow away from the compressed part of the gas before this part is no longer 
compressed. When the gas temperature clianges, but its heat energy 
does not change, the compression is termed adiabatic. 

In the case of an adiabatic process. 



where /)o = static pressure. The static pressure is the pressure that 

would exist in the medium with no sound waves pres- 
ent. The unit is the dyne per square centimeter, 
p = static or original density, 
pd = total pressure (static + excess), 
p' = instantaneous density (static + change), and 
y = ratio of specific heat at constant pressure to that at con- 
stant volume and has a value of 1 .4 for air. 
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D. Condensation. —A new term will now be introduced. Condensation 
is defined as the ratio of the increment of density change to the original 

density, 


or 


Combining equations 1.5 and 1.6 

po:=,(p:y = (i+,)r = i+^, 

^0 \pj 

= ^0 + ^oT'S' 

The excess pressure, or instantaneous sound pressure p, is pQ 


-po. 


1.7 

1.8 


p = p^ys 


l.S> 


The instantaneous sound pressure at a point is the total instantaneous 
pressure at that point minus the static pressure. The unit is the dyne per 
square centimeter. This is often called excess pressure. 

The effective sound pressure at a point is the root-mean-square value oF 
the instantaneous sound pressure over a complete cycle, at that point. 
The unit is the dyne per square centimeter. The term ** effective 
sound pressure ” is frequently shortened to sound pressure,” 

The maximum sound pressure for any given cycle is the maximum, 
absolute value of the instantaneous sound pressure during that cycle, 
The unit is the dyne per square centimeter. In the case of a sinusoidal 
sound wave this maximum sound pressure is also called the pressure am- 
plitude. 

The peak sound pressure for any specified time interval is the maxi- 
mum absolute value of the instantaneous sound pressure in that interval. 
The unit is the dyne per square centimeter. 

A dyne per square centimeter is the unit of sound pressure. 

E. U Alembertian JFave Equation, — The three equations 1.2, 1.4 and 
1.5 characterize disturbances of any amplitude. I’he first two are non- 
linear save for small amplitudes. In general, acoustic waves are of in- 
finitesimal amplitudes, the alternating pressure is small compared with 
the atmospheric pressure and the wavelength is so long that //, y, w and s 
change very little with y and z. Substituting equation 1.6 in 1.2 and 
neglecting high order terms, 


bs du dv 
‘ “|— — I- — 
dt dx dy 


Sw 

+ — == 0 

dz 


no 
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The type of motion to be considered is irrotational, that is Curl V ^vw “ 
0. That is a necessary and sufficient condition for the existence of a 
scalar velocity potential </> which is defined as 


d(t> d<l> d(l> 

u = — j V = — > w = — 

dx By Bz 


1.11 


or 


^ uvw ~~ Crad <f> 


Substitute equations 1.11 in 1.3 and multiply by dy and dz 


or integrating 



L12 


Since the density changes very little, the mean density, p, may be used. 
The is the excess pressure, then 


Bt 



1.13 


where p = excess pressure. 

From equations 1.9, 1.10, 1.11 and 1.13 

^ ^ 4. ^ — 0 

Bi^ p By^ Bz^) 


1.14 


or this may be written 


B^<l> 


= 


which is the standard D’Alembertian wave equation for 0. 
of propagation is 


7po 

P 


The velocity 
1.15 


For the velocity of sound in various mediums see Table 1.1. 

1.4. Plane Waves. — Assume that a progressive wave proceeds along 
the axis of x. Then is a function of x and / only and the wave equa- 
tion 1.14 reduces to 





8 


SOUND WAVES 


Table 1 . 1 . velocity of sound in meters per second, density p, in grams per cubic 

CENTIMETER AND THE SPECIFIC ACOUSTIC RESISTANCE pC IN GRAMS PER SECOND PER SQUARE 

CENTIMETER 


Substance 


Velocity 

metersjsec. 


Aluminum 
Brass .... 
Cadmium 
Cobalt . . . 
Copper . , 
Gold .... 
Steel .... 
Lead .... 
Magnesium 
Nickel . . . 
Platinum . 
Silver .... 
Tin 


5100 

3500 

2300 

4724 

3560 

2000 

5000 

1220 

4600 

4970 

2650 

2600 

2500 


Zinc 

Brick I 

Cork 

Granite 

Marble 

Paraffin 15° C 

Slate 

Glass 

Ivory 

Rubber 

Wood along the grain 

Ash 

Beech 

Elm 

Fir 

Maple 

Oak 

Pine 

Poplar 

Wood across the grain about one third of 
the above values 

Paper 

Alcohol 

Benzine 


3700 

3650 



Water 13° 


1441 


AirO°C 331 

Air 20° C . 344 

Carbon Dioxide 258 

Chlorine 205 

Hydrogen 1269 

Oxygen 317 

Nitrogen 336 


Density 

gmsjcx. 

Specific Acoustic 
Resistance 
gms/sec Cm^ 

2.7 

138 X W 

8.4 

295 X 10^ 

8.6 

198 X 10^ 

8.7 

410 X 10^ 

8.9 

317 X W 

19.3 

386 X lO-* 

7.8 

390 X 10^ 

11.3 

138 X 10^ 

1 .7 

79 X W 

8.7 

430 X 10^ 

21.3 

572 X 10^ 

10.4 

270 X iO^ 

7.3 

182 X W 

7.0 

259 X 10* 

1.8 

66 X 10* 

.24 

1.2 X 10* 

2.7 

107 X 10* 

2.7 

103 X 10* 

.90 

11.7 X 10* 

3.0 

135 X 10* 

2.6 

142 X 10* 

1.8 

54 X 10* 


1.0 5400 


.70 

32.7 X 10* 

.75 

25.0 X 10* 

.57 

23.4 X 10* 

.45 

20.8 X 10* 

.67 

27.8 X 10* 

.80 

30.7 X 10* 

.50 

16.6 X 10* 

.37 

15.9 X 10* 


.95 

.8 

.9 

1.0 

.00129 

.001205 

.00197 

.0032 

.00009 

.00142 

.00125 


16,1 X 10-* 
9.9 X 
10.5 X in'* 
14.4 X 10^ 

42.7 

41.5 

50.8 

65.6 
II 
45 
42 
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A solution of this'' equation for a simple harmonic wave traveling in the 
positive X direction is 

<j) = A cos k(ct — x) 1.17 

where A = amplitude of 0, 

k = 27r/X 
X = wavelength. 

A. Particle Velocity in a Plane Wave. — The particle velocity, em- 
ploying equations 1.11 and 1.17 is 

d<i> 

u ^ = kA sin k{ct — x) 1.18 

ox 


The particle velocity in a sound wave is the instantaneous velocity of a 
given infinitesimal part of the medium, with reference to the medium as a 
whole, due to the passage of the sound wave. 

B. Pressure in a Plane Wave. — From equations 1.9, 1.13 and LIS the 
following relation may be obtained 


dt 


— A 


1.19 


The condensation in a plane wave from equations 1.19 and 1.17 is 
given by 

Ak 

s^ — sin kc(ct — x) 1.20 

c 

From equations 1.9 and 1.15 the following relation may be obtained 

p = L21 

Then, from equations 1.20 and 1.21 the pressure in a plane wave is 

p — kcpA sin k(ct — x^ 1.22 

Note: the particle velocity, equation 1.18, and the pressure, equation 
1.22 are in phase in a plane wave. 

C. Particle Amplitude in a Plane Wave. — The particle amplitude of a 
sound wave is the maximum distance that the vibrating particles of the 
medium are displaced from the position of equilibrium. 

From equation 1.18 the particle velocity is 

J = kA sin k{cl — x) 1.23 

where ^ = amplitude of the particle from its equilibrium position, in 
centimeters. 
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The particle amplitude, in centimeters, is 


^ ~ cos k {ct — x) 

^rom equations 1.20 and 1.24 the condensation is 


U24 




dx 


1.25 


i.6. Spherical Waves. — Many acoustic problems are concerned with 
spherical diverging waves. In spherical co-ordinates x = r sin d cos 
y = r sin d sin \f/ and z = r cos d where r is the distance from the center, 
9 is the angle between r and the oz axis and is the angle between the 
projection of r on the xy plane and ox. Then V^O becomes 


„ ^20 2 dcl> 1 

7=6 = — H ^ H 

dr^ r dr sin 6 69 


1 




“ (sin 2 • 2 a 

89 sim 6 


1.26 


For spherical symmetry about the origin 

6 


v^<i> = 


rdr^ 


{rcj>) 


1.27 


The general wave equation then becomes, 


a/2 




1.28 


The wave equation for symmetrical spherical waves can be derived in 
another way. Consider the flux across the inner and outer surfaces of 
the spherical shell having radii of r — Ar/2 and r + Ar/2, the difference is 




1.29 


The velocity is 


dr 

dt 


d(l> 

dr 


1.30 


where <j) = velocity potential. 

The expression 1.29 employing equation 1.30 becomes 


Att 


dr 




Ar 


1.31. 
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The rate of growth of mass in the shell is 

A 

4^2 

dt 


1.32 


The difference in flux must be equal to the rate of growth of mass, expres- 
sions 1.31 and 1.32, 


dp' 


— — I 

dt dr 


1.33 


(pV^)-0 

Using equations 1.6, 1.9 and 1.13 equation 1.33 may be written, 

=0 1.34 

dr/ 


dt^ dr^ 


Equation 1.34 may be written 


dt^ dr^ 


= 0 


1.35 


which is the same as equation 1.28. The solution of equation 1.35 for 
diverging waves is 


r 


1.36 


From equations 1.19 and 1.36 the condensation is given by 


dt cr 


1.37 


A. Pressure in a Spherical Wave, — The pressure from equation 1.21 is 

p = c'^ps 1.38 

The pressure then from equations 1.37 and 1.38 is 


Retaining the real part of equation 1.39 the pressure is 

kcA ... . 

p = p sin k{cl — r) 

r 


1.40 



12 


SOUND WAVES 


B. PuTticle Velocity in a Sphettcul Wave, — Xhe particle velocity from 
equations 1.11 and 1.36 is 

= ~ 7 1 -41 


u 


u = 


1.42 


Retaining the real part of equation 1.41 the particle velocity is 

Ak \ \ ^ ^ 1 

— cos k{ct -r)- sin k{ct - r) \ 

C. Phase Angle between the Pressure and the Particle Velocity in a Spheri- 
cal Wave. — The particle velocity given by equation 1.42 may be written 

/ 1 

u = sin [k{ct - r) - $] 1.43 

where tan S = 1/kr, 

Comparing equation 1.43 with equation 1.40 for the pressure it will be 
seen that the phase angle between the pressure and velocity in a spherical 
wave is given by 


^ 1 1 
6 = tan”^-— 
kr 


1.44 


For very large values of kr^ that is, plane waves, the pressure and par- 
ticle velocity are in phase. The phase angle frequency characteristics for 

various distances from the center of a spherical wave system are shown in 
Fig. 1.2. 



Fig. 1.2. Phase angle between the pressure and particle velocity in a spherical sound wave 
lor di^ances of I, 1, 2 and 5 feet from the source. (Courtesy of 'I'he Blakiston Company 
from Olson and Massa, Applied Acoustics.) 
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D. Ratio oj the Absolute Magnitudes of the Particle Velocity and the Pres- 
sure in a Spherical Sound Wave. — From equations 1.40 and 1.43 the ratio 
of the absolute value of the particle velocity to the absolute value of the 
pressure is given by 


Ratio 


V 1 +- 

pckr 


1.45 


The ratio in equation 1.45, for various distances from the center in a 
spherical wave system, as a function of the frequency is plotted in Fig. 1.3. 



Fio. 1.3. Ratio of the absolute magnitude of the particle velocity to the pressure in a spherical 
sound wave for distances of .1 , J-, 1, 2 and 5 feet from the source. (Courtesy of The Bhikistoii 
Company from Olson and Massa, Applied Acoustics.) 

1.6. Stationary Waves. — Stationary waves are the wave system re- 
sulting from the interference of waves of the same frequencies and are 
characterized by the existence of nodes or partial nodes. 

Consider two plane waves of equal amplitude traveling in opposite direc- 
tions; the velocity potential may be expressed as 

0 = [cos k{ct — + cos k{ct + x)] 1.46 

The pressure in this wave system from equations 1.19 and 1.21 is 

p = — p — = kcpA [sm k(ct — at) +• sin k{ct + x)] 1.47 

^ dt 

p = 2kcpA [sin kct cos kx] 


1.48 
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The particle velocity in this wave system from equations 1. 11 and 
1.46 is 


u ^ = kJ [sin k(ct — x) - 

dx 

- sin k(cl “f x)\ 

1.49 

u - — IkA [cos kct sin kx] 


I. SO 

u = IkA j^sin ^ct — ^ cos | 

1 1 

1 

1.51 


Equations 1.48 and 1.51 show that the maxima of the particle velocity 
and pressure are separated by a quarter wavelength. The maxima of f 
and u differ by 90° in time phase. 

A stationary wave system is produced by the reflection of a plane wave 
by an infinite wall normal to the direction of propagation. This is the 
simplest type of standing wave system. Complex stationary wave sys- 
tems are produced when a sound source operates in a room due to the re- 
flections from the walls, ceiling and floor. 

1.7. Sound Energy Density. — Sound energy density is the sound energy 
per unit volume. The unit is the erg per cubic centimeter. 

The sound energy density in a plane wave is 



where p — sound pressure, in dynes per square centimeter, 
p = density, in grams per cubic centimeter, and 
€ = velocity of sound in centimeters per second. 

The positive radiation pressure in dynes per square centimeter exerted 
by sound waves upon an infinite wall is 

{y + \)E 1.53 

where E - energy density of the incident wave train in ergs per cubic 
centimeter, and 

y = ratio of specific heats, 1.4 for air. 

Instruments for measuring the radiation pressure have been built, con- 
sisting of a light piston mounted in a large wall with means for measuring 
the force on the piston. Since the radiation pressure is very small these 
instruments must be quite delicate. 

1.8. Sound Intensity. — The sound intensity of a sound field in a speci- 
fied direction at a point is the sound energy transmitted per unit of time 
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in the specified direction through a unit area normal to this direction 
the point. The unit is the erg per second per square centimeter. It ni*%> 
also be expressed in watts per square centimeter. 

The intensity, in ergs per second per square centimeter, of a plane wave is 


/ = 



peu^ 


1.54 


where p = pressure, in dynes per square centimeter, 

u = particle velocity, in centimeters per second, 
c = velocity of propagation, in centimeters per second, and 
p = density of the medium, in grams per cubic centimeter. 

The product pc is termed the specific acoustic resistance of the medium* 
The specific acoustic resistance of various mediums is shown in I able i * i • 
1.9. Decibels (Bels). — In acoustics the ranges of intensities, pressures, 
etc., are so large that it is convenient to use a scale of smaller numbers 
termed decibels. The abbreviation db is used for the term decibel. I he 
bel is the fundamental division of a logarithmic scale for expressing the 
ratio of two amounts of power, the number of bels denoting such ti ratio 
being the logarithm to the base ten of this ratio. The decibel is one tenth 
of a bel. For example, with Pi and Pz designating two amounts of power 
and n the number of decibels denoting their ratio: 


« == 10 logio 


A 

P2 


decibels. 


1.55 


When the conditions are such that ratios of currents or ratios of voltages 
(or the analogous quantities such as pressures, volume currents, forces and 
particle velocities) are the square roots of the corresponding power ratios, 
the number of decibels by which the corresponding powers differ is ex 
pressed by the following formulas: 

= 20 logio decibels 1 .56 


n — 10 logic decibels 1 .57 

where ii //2 and are the given current and voltage ratios respectively. 

For relation between decibels and power and current or voltage 
see Table 1 .2. 
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Table 1.2. the relation between decibels and power and current or voltage ratios 


CURRENT OR 

VOLTAGE RATIO 

DECIBELS 

1 

0. 

2 

6.0 

3 

9.5 

4 

12.0 

5 

14.0 

6 

15.6 

7 

16.9 

8 

18.1 

9 

19.1 

10 

20 

100 

40 

1000 

60 

lOOOO 

80 

100000 

100 

1000000 

120 


POWER RATIO 

DECIBELS 

1 

0 

2 

3.0 

3 

4.8 

4 

6.0 

5 

7.0 

6 

oo 

7 

8.5 

8 

9.0 

9 

9.5 

10 

10 

100 

20 

1000 

30 

10000 

40 

100000 

50 

1000000 

60 


1.10* Doppler Effect. — The change in pitch of a sound due to the rela- 
tive motion of the source and observer is termed the Doppler Effect. 
When the source and observer are approaching each other the pitch ob- 
served by the listener is higher than the actual frequency of the sound 
source. If the source and observer are receding from each other the pitch 
is lower. 

The frequency at the observation point is 

/ 1.58 

V — Va 

where v = velocity of sound in the medium, 

Vo = velocity of the observer, 

Vs = velocity of the source, and 
/s = frequency of the source. 

All the velocities must be in the same units. 

No account is taken of the effect of wind velocity or motion of the me- 
dium in equation 1.58. In order to bring in the effect of the wind, the 
velocity v in the medium must be replaced by v + w where w is the wind 
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velocity in the direction in which the sound is traveling. Making this 
substitution in 1.58 the result is 



V -j- W — Vq 

V + W — Va 


Jb 


1.59 


Equation 1.59 shows that the wind does not produce any change in pitch 
unless there is some relative motion of the sound source and the observer. 

1.11. Refraction and Diffraction. — The change in direction of propa- 
gation of sound, produced by a change in the nature of the medium which 
affects the velocity, is termed refraction. Sound is refracted when the 



Fio. 1.4, The refraction of a sound wave in air. 


density varies over the wave front. (See equation 1.15.) A sound wave 
may be bent either downward or upward depending upon the relative 
temperatures (densities) of the air,^ Fig. 1.4. The distance over which 
sound may be heard is greater when the wave is bent downward than 
when it is bent upward. 'Fhe first condition usually obtains during the 
early morning hours while the latter condition prevails during the day. 

Diffraction is the change in direction of propagation of sound due to 
the passage of sound around an obstacle. It is well known that sound 
will travel around an obstacle. The larger the ratio of the wavelength 
to the dimensions of the obstacle the greater the diffraction. The dif- 
fraction around the head is imj'jortant in both speaking and listening. 
'Fhe diffraction of sound by microphones and loud speakers is important 
in the performance of these instruments. The diffraction ^ of sound by a 
sphere, a cube and a cylinder as a function of the dimensions is shown in 
lug. 1.5. These data may be used to predict the diffraction of sound by 
objects of these general shapes. As, for example, the sphere may be used 
to predict the diffraction of sound by the human head. 


^ For other phenomena of atmospheric acoustics such as the effects of wind and 
temperature upon the propagation of soiiml waves and the applications to sound 
ranging and signaling in air, see Stewart and l.indsay, “Acoustics,” 1). Van Nostrand 
Co., New York City. 

- Muller, Black and Dunn, 'Jour, Acotis, Soc, Amer.^ Vol. 10, No. 1, p. 6, 1938. 
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Fig. 1 . 5 . 



The diffraction of a sound wave by a cylinder, cube and sphere. (After Muller, 

Black and Dunn.) 


Another example of diffraction of sound is illustrated by the '/one plate 
shown in Fig. 1.6. The path lengths of the sound from the source to the 
focus varies by an integral wavelength. As a consequence, all the pencil.s 


Fig. 1 . 6 . 



Zone plate. The source 5* and the focus F are equidistant from the zone 


plate. 


of sound are in phase at the focus with the result that the sound pressure 

IS considerably greater at this point than any other position behind the 
zone plate. 













CHAPTER II 

ACOUSTICAL RADIATING SYSTEMS 


2.1. Introduction. — There are almost an infinite number of different types 
of sound sources. The most common of these are the human voice, musi- 
cal instruments, machinery noises and loud speakers. The most impor- 
tant factors which characterize a sound source are the directional pattern, 
the radiation efficiency and the output as a function of the frequency. 
In the case of some sound sources as, for example, musical instruments, 
it is almost impossible to analyze the action. However, in the case of 
most sound reproducers the action may be predicted with amazing 
accuracy. It is the purpose of this chapter to consider some of the simple 
sound sources that are applicable to the problems of sound reproduction. 

2.2. Simple Point Source. — A point source is a small source which 
alternately injects fluid into a medium and withdraws it. 

A. Point Source Radiating into ayt Infinite Medium, Solid Angle of 
Air Steradians, — Consider a point source having a maximum rate of fluid 
emission of At: A cubic centimeters per second. The momentary rate at 
a time t is At: A cos w/. The maximum rate of fluid emission may be 
written 

“—’At: A = S^o 2.1 

where S = area of the surface of the source, in square centimeters, and 

fo = maximum velocity, in centimeters per second over the sur- 
face *V. 

The velocity potential of a point source from equation 1.36 is 

2.2 

r 


The particle velocity at a distance r from equation 1.42 is 

AkV 1 

cos k{ct — r) — sin — * r) 


u = 


r \Sh' 


] 


The pressure at a distance r from equation 1.40 is 

pkcA . ; / , ^ 

p ^ gjj^ 


2.3 


r 


2.4 
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The intensity or average power, in ergs per second, transmitted through 
a unit area at a distance r, in centimeters, is the product of p and ti and is 
given by 

The total average power in ergs per second emitted by the source is 

Pt = 'lirpck^A^ 2.6 

where p = density of the medium, in grams per cubic centimeter, 
c = velocity of sound, in centimeters per second, 
k = 2x/X, 

\ ~ wavelength, in centimeters, and 
A is defined by equation 2.1. 

B. Point Source Radiating into a Semi-Infinite Medium, Solid Angle 
ofltr Steradians, — The above example considered a point source operating 
in an infinite medium. The next problem of interest is that of a point 
source operating in a semi-infinite medium, for example, a point source 
near an infinite wall. 

In this case we can employ the principle of images as shown in Fig. 2.1. 
The pressure, assuming the same distance from the source, is two times 
that of the infinite medium. The particle velocity is also two times that 
of the infinite medium. The average power transmitted through a unit 
area is four times that of the infinite medium. The average power out- 
put of the source, however, is two times that of a simple source operating 
in an infinite medium. 

C. Point Source Radiating into a Solid Angle of t Steradians, — Em- 
ploying the method of images Fig. 2.1 the pressure is four times, the par- 
ticle velocity is four times and the average power transmitted through a 
unit area is sixteen times that of an infinite medium for the same distance. 
The average power output of the source is four times that of a simple 
source operating in an infinite medium. 

D. Point Source Radiating into a Solid Angle of rr/l Stcf'adians. — Em- 
ploying the method of images, Fig. 2.1, the pressure is eight times, the 
particle velocity eight times and the average power transmitted through a 
unit area is sixty-four times that of the same source operating in an infinite 
medium at the same distance. The average power output is eight times 
that of the same simple source operating in an infinite medium. 

E. Application of the Simple Source, — The above data may be applied 
to acoustic radiators in which the dimensions are small compared to the 
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wavelength and located close to the boundaries indicated above. For 
example, A would correspond to a loud speaker, which acts as a simple 
source, suspended in space at a large distance from any walls or boundaries. 
B would correspond to a loud speaker placed on the floor in the center of 
the room. C would correspond to a loud speaker placed on the floor along 

SOLTO* ANGLE PRESSURE POWER ENERGY 
OF SOUND AT A OUTPUT DENSITY 

EMISSION DISTANCE r Dl STANCE T 



P^io. 2.1. The pressure, total power output and energy density delivered by a point source 
operating in solid angles of 47r, 2 t, tt and 7r/2 steradians. 

a wall, and T> would correspond to a loud speaker placed in the corner of 
the room. Of course, as pointed out above, these examples hold only when 
the dimensions of the radiator and the distance from the wall are small 
compared to the wavelength. 

2.3. Double Source (Doublet Source — a double source consists 

of two point sources equal in strength dz 47r//', but opposite in phase sepa- 
» 

* Lamb, “ Dynamical Theory of Sound,” p. 230, R. Arnold, London. 

^ DavivS, “ Modern Acoustics,’* p. 59, Macmillan Co., New York. 

■'* Wood, ** A Textbook of Sound,” p. 64, Bell and Sons, London. 

Crandall, ” 'Fheory of Vibrating SyvStems and Sound,** p. 135, D. Van Nostrand 
Co., New York. 
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rated by a vanUhingly small distance Sr, The strength of the dou hlet is 
iryi'Sr. Let J'Sr A, In these considerations A' corresponds to A of 
equation 2,1, that is ^A‘ •• Sit. 

At a distance r in a direction inclined at an angle a to the axis of the 
doublet the velocity potential is 









The pressure from equation 2,7 is 


P 




- 0 + jk ] cos a 


) 


Z8 


Retaining the real parts of equation X8 


P " + jfe cos k{et 


r) cos a 


2.9 


At a very large distance 


IPA 

pec cosa 


2.10 


At a very small distance 


kA 

ptt —cosa 


2.11 




The particle velodty has two components, the radial and the trims- 

or 

1 • . 

verse - — , The radial component of the particle velocity from equation 
2.7 is. 


dr 


.-[(l+i* 

L\r* T* 


* * ^)] 


eja a 2. 1 2 


Retaining the real parts of equation 2. 1 2 


u 


A 


[e - 9 


COB k{ft — r) — ~ sin k{et 

r* 


r) 


1 COS a 


2.13 


At a very laige distance 


Ak^ 

«« cosa 

r 


2.14 
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At a very small distance 


A 

U « — COB OE 
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The transverse component of the particle velocity is 
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Retaining the real parts of equation 2.16 
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At a very large distance 
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At a very small distance 
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« « — sin a 
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Figure 2^2 shows the velocity com- 
ponents and the pressure fur various 
points around a doublet source. A com- 
mon example of a doublet source is a 
direct radiator loud speaker mounted in 
a small baffle. (Dimensions of the baffle 
small compiircd to the wavelength.) If 
the response of such a loud speaker is 
measured with a pressure microphone 
for various angles at a constant distance 
the result will l)e a cosine characteristic. 
If the response is measured with a vel- 
ocity microphone keeping the axis pointed 
towards the loud speaker the result will 
be a cosine directional characteristic. If 


messuK 


Fia. 2.2. The prewii fe and particle 
velocity at a conitant diitanoe from 
a doublet narce. The mignitude 
of the preuoK ia indicated by the 
diameter of the ciide. The partide 
velocity haa two componeotat a 
radial and tranavetae component. 
The direction and magnituk of 
theie two componenta are indkated 
by vectora. 


the some is repeated keeping the axis of 
the velocity microphone normal to the 
line joining the microphone and the loud speaker the result will be a sine 

directional characteristic. 
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The totKl power, in ei:]gs, emitted by a doublet source is 



2.20 


where p pressure, in dynes per square centimeter, 

p "I density, In grams per cubic centimeter, 
e ■■ velocity of sound, in centimeters per second, and 
dS ™ aren, in square centimeters, over which the pressure isp. 

Taking the value of p from equation 2.9 (for r very lai^) the total 
average power in ergs per second emitted by a doublet source Is 


Pt = 2irf* /* cos* a sin a da 2.21 

V 0 2r* 

Pr “ 2.22 


where p * density, in grams per cubic centimeter, 
k " 2t/A, 

X B wavelength, In centimeters, 
t — velocity of sound, in centimeters per second, and 
A is defined in the first paragraph of this section. 

The power output from a simple source (erjuation 2.6) is proportional 
to the square of the frequency, while the power oiitpur from a doublet 
source (equation 2.22) is proportional to the fourth ]M)wer of the frequency. 
For this reason the power output of a direct radiator loud sjienkcr falls oflF 
rapidly with frequency when the dimensions of the baffle nre small ojin- 
pared to the wavelength. See Sec. 7.7. 

2.4. Straight Line Source. — A straight line source may lie made 
up of a large number of points of equal intensity on a line separatctl by 
equal and very small distances. 7'he directional characteristic^*'^' of such 
a line is 



where P* — ratio of the pressure for an angle a to the pressure for an 

angle a — 0. The direction « - 0 is normal to the line, 

* WoKF, L, and Malta-, L., Aeons. Soe. Attur., Vot. 2, No. 2, p. 201. 19.10. 

" Stand, H., Eiek. Noth. Tech.^ Vol. 4, No. 6, p, 239, 1 927. 

* Stand, H., E/ek. Nath. Ttth.^ Vol. 6, No. S, p. 165, 1929. 
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n — number of sources, 

d « distances between the sourcea, in centimeters, and 
X ■> wavelength, in centimeters. 

If the number of sources n approach infinity and dy the distance between 
the sources, approach zero in such a way that 

nd ^ I 

the limiting case is the line source. If this is carried out equation 2.23 
becomes 

. W . 

sm — sin a 

K. - —T 2.24 

rl . 

— Sin a 


The directional characteristics of a continuous line source are shown in 
Fig. 2.3. The directional characteristics are symmetrical about the line 
as on axis. Referring to Fig. 2J, it will be seen that there is practically 



Fin. U. Directional charactcrietici of a line source aa a fuiictian of the length and the wave- 


length. Itie polar gri^ dcpicta the preaaute, at a large fixcil diatance, oa a function of the 
an^ ‘llie {ireaauie for 
Mionding to the angle 0° ia 
tltm 


the angle 0° ia arbitrarily chooen aa unity. 'IIk direction enrre- 
pcipendicular to the line. 'Itic diroctioiud charnctctutica in 
I of revol 


roe dimenaiona are aurfacea of revolution about the line aa an axia. 


no directivity when the length of the line is small compared to the wave- 
length. On the other hand, the directional characteristics arc sharp when 
the length of the line is several wavelengths. 

2.6. Curved Line Source (Arc of a Circle). — A curvctl line source may lx: 
made up of a large number of points on the arc of a circle separated by 
very small distances. The directional characteristics of such a line in the 
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plane of the arc ia, 

1 




2m + 1 


a— I 


cos 


l^^cos (a 

s-M r 

+j r 


2irJg 

X 


cos (a + AO) 
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where — ratio of the pressure for an angle a to the pressure for 

an angle a ~ 0> 

a ~ angle between the radius drawn through the central 
point and the line joining the source and the distant 
observation point, 

X wavelength, in centimeters, 

R ~ radius of the arc, in centimeters, 

2m + 1 ■* number of points, 

0 •" angle subtended by any two points at the center of the 
arc, and 
k >■ variable. 


Another method ^ is to break up the arc into a large number of equal 
chords. The intensity ts assumed to be uniform over each chord. Also the 
phase of all of the choi^ is the same. In this case the result cakes the form, 



1 

2wi "H 1 


Xf 


COS 


2tR 
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cos (a + iO) 


• r *■</ . . 

sm sm (a 

^ A 


+ W) 


— sin (a + iO) 
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+j £ sin 

km-m 


2^ 
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cos (a + A0} 


} 



Vff * - . 

— Sin (a + kO) 
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Mr W K 

— am (a + kO) 
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where R, - ratio of the pressure for an angle a to the pressure for 

an angle a » 0, 

X “ wavelength, in centimeters, 
k * variable, 

R ~ radius of the arc, in centimeters, 

2m + 1 — number of chords, 

0 “ angle subtended by any of the chords at the center of 
circumscribing circle, and 

d « length of one of the chords, in centimeters. 


• WoUF, I. and Malter, L, Jow, Aewt. Sot. Amtr., Vol. 2, No. 2, p. 201, 1930. 
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'Hie directional characteristics for an arc of 60®, 90“ and 120® are shown 
in Figs. 2.4, 2.5 and 2.6. The interesting feature of the directional char- 



RAiOlU8>a^ RADIU8a4X RADIUt-SX tUMUSaiex 



Fla 2.4. Diraedawl chincteriiikt of 9, 60° are u a funedon of the radiut and tha wave, 
length. The polar mph depieti the preHitre, at a large 6sed dittanoe, u a fimetkio of the 
aii^ In the plane of the arc. The premre me the angle 0° ii arUtraiii^ choaan u 00117. 


acteristics of an arc is that the directional characteristics are very broad 
for wavelengths large compared to the dimensions, and are narrow ibr 



Flo. 2.5. DirecBonat chnracteriBdca of a 90° arc aa a function of the radiia and the wave. 



wavelengths comparable to the dimensions and are broad again for wave- 
lengths small compared to the dimensions of the arc. The arc must be 
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a^enil wavelengths in length in order to yield a ^^wedge-shaped” di- 
jTMtional chflxacteriBtic. 



Fio, %6, Direcdoiul chtmctcrisria of a 120° arc u » functitm of the nuliun and the wave- 
IcD^* The polar mph dcplcti the prmufe» at a large fixctl diatanoc, un u functkin of the 
in the pLue of tbe arc. Hw presBure bit the an^ 0° is arbitrarily choacn as unity. 


3»6i diculu Ring Source. — The directional clmracteri sties of a 
circuiar ring source of uniform intensity at all |>uints on the ring is 

Ra = jQ am «j 2.27 

where Jt^ — ratio of the pressure for an angle a to the pressure for on 

angle a » 0, 

Jo = Bessel Function of 2 ero order, 

R "• radius of the circle, in centimeters, and 
a ~ angle between the axis of the circle nntl the line joining the 

point of observation and the center of the circle. 

The directional characteristics of a circular ring source as n function of 
the diameter and the wavelength arc shown in Ing. 2.7. 'I'he shnjKM are 
quite similar to those of a straight line. The characteri.stic is somewhat 
sharper than that of a uniform line of length etpial to the diameter of the 
circle, but has almost the same form. 


• Stcnzel. H., E/ek. Nock, Teeh,, Vol. 4, No. 6. p. 1, 1927. 

» WoUF, 1. and Matter, L., Jour, jitoiu. Soc. AHur.i Vd. 2, No. 2, p. 20t, 1930. 
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Fia. 2.7< Direcrionil chanictcHatlci of x cucuUr Kno or ting tooroe u i funcdoo of the 
diameter and wavelength. The polor graph depicta the preawra, at a huge iixed_duitance> 
oa a function of the angle. ‘1‘hc preaaute for the angle O^iiarUtrarily choaenaa unity. The 
direction oorreaponding to the angle 0“ it the oxia. 'llm azia ia the center Gne perpendicular 
to the plane of the circle. 'I'he direcdonal characteriadca in three dlmeiuioni an aurfocca 
of revolution about the axia. 


2.7. Plane drcnlar Surface Source. — The directional chnTactcria< 
tics of a circular surface source with all parts of the surface vibrating 
with the some intensity and phase is 



2.28 


where “ ratio of the pressure for an angle a to the pressure for an 

angle a ^ 0, 

/i — Beasel Function of the first onlcr, 

R •- radius of the circle, in centimeters, 

a — angle between the axis of the circle and the line joining the 
point of observation and the center of the circle, and 
X B wavelength, in centimeters. 

The directional choractcristics of a plane circular surface source as a 
function of the diameter and wavelength are shown in Mg. 2.8. The 
characteristic is somewhat broulcr than that of the uniform line of length 
equal to the diameter of the circle, but hn-s approximately the .same form. 

Equation 2.28 for the directional characteristics of a circular surface 


" Stcnzcl, H., E/ek. Nach. Tech.^ Vol. 4, Na fi, p. 1, 1927. 

'• Wolff, 1. and Malter, L, Jour, /teous. Soc. Amcr., Vol. 2, No. 2, p. 201, 1930, 
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Flo. DiMcdonil cfainctcriitici of t drcular phton ■oarce M « funcdon of tho diameter 
and wavelength. Ilio polar graph dcpicti the pruHinsi at a large died diamncci aa a func- 
tion of the an^e. Tho pnaiure for the angle 0" if arWtrarlly choeen aa unity. T^ diroc- 
tioti oorrapoiulina to the angle 0” ia the ozia. The axii ia the center line |ier|wmlicular to 
tho plane of the piaton. The direcdunal characteriidca in three ilimeniiona are aurfaceii of 

revoiutkio tbout tho luttt. 





1000 ru 


Fig. 2.9a The dlrecttotuil dinrecterisdct of i group of eiponcntitil horru, with a conAtont 
flaio ftiut thioflt diAmetcr of t inchet u i function of the mouth ilinmcter. The nunilier ut 
tho right of each poUr diegram indiaibei the diameter of n drculv iwiion which will yiekl 
the iKine direcdoul chtmctoriitica The polar graph dcnicta tho prcmre» at n fixed dia- 
tatice, u a function of the tinglea The prewre to the angle 0^ It arlxtrarily ehoacn as unity. 
The direction corretponding to 0° ii the axU of the bom. Ilie directional chamctcristiLs 
in three dimeoiiotii are surtocet of revolution about the hum axia. 
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source or a vibrating piston may be used to predict appronmately the 
directional characteristics of a direct radiator loud speal^. 

S.8. Biponantial Hams. — The directional characteristics of a horn de- 
pend upon the shape, mouth opening and the frequency. It is the purpose of 
this section to examine and consider some of the factors which influence 
the directional characteristics of a horn. 

The phase and particle velocity of the various incremental areas which 
may be considered to constitute the mouth determines the directional 
characteristics of the horn. The particular complexion of the velocities 
and phase of these areas is governed by the flare and dimensions and shape 
of the mouth. In these considerations the mouth will be of circular cross 
section and mounted in a laige flat baffle. The mouth of the horn plays 
a major role in determining the directional characteristics in the range 
where the wavelength is greater than the mouth diameter. The flare is 
the major factor in determining the directional characteristica in the range 
where the wavelength is less than the mouth diameter. 

Figure 2.9 shows the eflect of the diameter of the moutn for a constant 
flare upon the directional characteristica of on exponential horn. At 
the side of each ]x>Iar diagram is the diameter of a vibrating piston which 
will yield approximately the same directional characteristic. It will be 
seen that up to the frequency at which the wavelength becomes compor- 
ruble to the mouth diameter, the directional characteristics are practically 
the same as those of a piston of the size of the mouth. Above this fre- 
quency the directional characteristics are practically independent of the 
mouth size and appear to be governed primarily by the flare. 

To further illustrate the relative effects of the mouth and flare, Fig. 2.10 
shows the eflect of diflerent rates of flare, for a constant mouth diameter, 
upon the directional characteristics of an exponential horn. These results 
also show that for the wavelengths larger than the mouth diameter, the 
directional characteristics arc approximately the same as those of a vibrat- 
ing piston of the saiiic sixe os the mouth. Above this frequency the 
directional characteristics are broader than that obtained from a piston 
the size of the mouth. From another point of view, the diameter of the 

“ Olson, H. R, RC^ Reeitm, Vol. 1 , No. 4, n. 68, 1 9.U 

M Goldnwn, S., JoMr. Aeons. Soc. Amer.y Vol. 5, p. 181, 1934, reporte the results 
of on invcflrijrfttion tijxjn the dirccticmdl characteristicfl of exponcntiftl homs at 
1 5,000 and 25,000 cycles. A comiMrisun cm Iw made with the results shown in 
Figs. 2.9 and 2.10 by increasing the dimensions of the horns used by him to con- 
form with thiNW shown here and decreasing the freduency by the factor of iiKreose 
in dimensions. Such a comparison shows rcmarlcablc agre^ent between the two 

sets of data. 



32 


ACOUSTICAL RADIATING SYSTEMS 


piston which will yield the same directional characteristic is smaller than 
the mouth. These results also show that the directional characteristics 
vary veiy slowly with frequency at these smaller wavelengths. Referring 
to Fig. 2.10, it will be seen that for any particular high frequency, 4000, 
7000 or 10,000 cycles per second, the directional characteristics become 
progressively sharper as the rate of flare decreases. 

The results of Figs. 2.9 and 2.10 are applicable to other geometrically 
similar horns by changing the wavelength (or the reciprocal of the fre- 
quency) in the same ratio as the linear dimensions. 



tOdOn. IOOO>\. 4CI0On. HJOO'X. tOOOO<\. 


PiQ. XIO, Hie directional characteristici of a of exponential homo, with a mouth 
diameter of 12 inches and a thruat diameter of j incheo, os a functiun of the (lure. ‘IIk 
number at the right of each polar iliagram indicatea the diameter of a circulnr |itBtan which 
will yi^ the acme directkmal chameteriatie llie polar graph de|iicta the I'teMurc, at a 
fixed disuncci os a function of the angle. The preMure for the angle 0" is arbitrarily chimen 
on unity. 'Ilie direction co r responding to 0” is the oxii of the horn. The directional 
characteristics in three dimensions are simaces of revolution about the burn axis, 

2.D. Curved Surface Source. — A sphere vibrating rntlially radiates 
sound uniformly outward in all directions. A portion of a spherical surface, 
large compared to the wavelength and vibrating radially, emits unifonn 
sound radiation over a solid angle subtended by the surface at the center 
of curvature. To obtain uniform sound distribution over a certain solid 
angle,' the radial air motion must have the same phase and amplitude over 
the spherical surface intercepted by the angle having its center of curvature 
at the vertex and the dimensions of the surface must be large compared 
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to the wavelength. When these condidona ore satisfied for all frequencieSi 
the response characteristic will be independent of the position within the 
solid angle. 

A loud speaker consisring of a large number of small horns with 
the axis passing through a common point will satisfy^ for all pracdcal 
purpuseS} the requirement of uniform phase and amplitude over the spheri- 
cal surface formed by the mouths of the horns. A cellular or muldhom 
of this tyjie is shown in Fig. 2.1 1/f. This particular horn system consists 
of fifteen hums arranged in five vertical rows and three horizontal rows, 
'rhe mouth opening of each horn is 8 X 8 inches. The horizontal and ver- 
tical angle lictween the axis of the individual horn is 17°. 

'Hie directional characterisdes of a multihom loud speaker may be 
predicted theoretically from the directional characteristics of an in- 



Piu, 2.1 1. // — « K|iherical ru]l sting lurface ooniifting of 15 individiwl espooentiiil hornt, 
— geometry for |)nn)icting the direcdoiuil cheracterutici of a dinter of imtU homi. 

dividual horn and the geometrical configuration of the assembly of horns. 
Assume that the |ioint of olwcrvadon is located on the OY axis, Fig. 2.1 IR, 
at n distance several times the length of the horn. 'I'he amplitude of the 
vector contributed by an individual horn for the angle ^ can be deter- 
mined from its individual directional characteristic. In this illustration, 
the plane XO/t is chosen ns reference plane for the phase of the vector. 
'I'hc phase angle of the vector aas(x:lat^ with an individual hom is 

0 - ^360* 129 

A 


“Wente, R. C., and Thurns, A. L., Jonr. A. I. E. i!., Vol. S3, No, 1, p. 17, 1934. 
** HillinnI, J. K., 7VrA. linii, Acaa. Res. CoutieiK March, 1936. 
n Olson, M. K, RCA Review^ Vol. I, No. 4, p. 68, 1937. 
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where - the diatanoe between the center of the mouth of the horn and 

the reference plane X'0'Z\ in centimeters, and 
X ■■ wavelength, in centimeters. 

The vectors, having amplitudes /fi, A\^ Ak% etc., determined from the 
directional characteristics and having phase angles Qi, ff*, etc.^ 

determined from equation 2.29, are added vectoriolly os shown in Fig. 2, 1 1 B . 
This method of predicting the directional characteristics assumes that 
there is no interaction between individual horns which changes the com- 
pleadon of the velocities at the mouth from that which obtains when 
operating an individual horn. Obviously, this condition is not absolutely 
satisfied. Apparently, the discrepancy has no practical significance be- 


UQa; 500^^ H)O0a# 



Fk>.2.1Z Diroctioiial characterisda of the 15-cdl cellular hom ihown In Fig, hi 

a plane oonbuoing the line and the axii of the center hom. 1*he polar graph depicti the 
prenure, at ■ Slid diitance, u a function of the angle. The |)rcwurc for tne an^ 0* is 
uhitnriljf choieCL, 

cause it has been found that this method of analysis agrees quite well with 
experimental results. 

The directional characteristics f>f the cellular horn of Fig, %\\A are 
shown in lugs. 2.12 and 2.13. Above 2000 cycles the dimensions of the 
total mouth surface are several wavelengths and the directional character- 
istics are fairly uniform and defined by the total angular spread. Where 
the dimensions are comparable to the wavelength the directional char- 
acteristics become very sharp, as shown by the jxilar curves for 500 and 
1000 cycles. Then, as the dimensions of the surface become smaller tha.ti 
the wavelength, 250 cycles, the angular spread broadens, os is illustrated 
by the larger spread for the smaller vertical dimension when compared to 
the smaller spread for the larger horizontal dimension. 

The directional characteristics of a cellular horn show a striking resem- 


CURVED SURFACE SOURCE 


35 


blance to thonc of an arc of the anme angular spread. For example, the 
angular spreml of the horn of lug. 2.11 in the plane containing the line 
and the axis is 87^°. This may be compared tu the arc of Fig. 2<5. 
In this cose A/4, X/2, X, 2X, 4A and 8X will correspond to 145, 290, 580, 
1160, 2320 and 4640 cycles. The angular spread in the plane containing 
the line BB* and the axis is 52^**. This may be compared to the 60P arc 
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Fto. 2.13. OircctHinal duttnctcrutici of the 15-ccll colluler horn shown in Fig. 2A\A in « 
pUnc cuntiiiniiig the line 4^ anti rhe iiui of the center horn, 'llic poliir gmnh tkpicti the 
firauire, at a hxetl dwtancct lu a funedem of the angle. '11)0 prcnunc (or tlie angle 0* ia 
arbicnrily chonen. 


of lug. 2.4 with the same relaticm l^etwccn the wavelengths and frequencies 
as noted alxive. It will l»e seen that there is a marked resemblance be- 
tween correR|>onding freipiencies. Of course, there is some variation due 
to the fact that the fretjuencies do not ctjrreapond exactly. Further, 
there is some diflerence in the angular spread. I* or most spherical sur- 
faces of this type the directional characteristics in various planes corre- 
Hjxjnd very closely to the directional characteristics of the currcsixjnding arc. 

Directinnnl systcnis are used for sound ranging l>oth in air and in water. For 
the general subjivt of smind ranging and signaling, nya Stewart and Undsay, 
" AajuHtlcn,” D. Van Nostraiul Company, New York City, and Olson and Mosoa, 
** Applietl Acoustics/* Illakiston Coni|niny, Philadelphia. 

Iu|uatifins 2.23 and 2.25 arc ap|dicahle to plane and curvetl acoustic diffraction 
gratings. As in the case of optics the angle of the maximn shifts with the frequency. 
Unttings have lHH:n iiscil in Hystems for the annlysis of sound, The audio fre- 
quency is used to tiKKliilate a high fmiueney oscillator (50,000 cycles). The output 
of the oscillator drives u high fretpieiicy loud sivaker which illuminates the grating 
with the high frc'tjiicncy Hound. The sound diffracted from the grating is spread 
out in a spLK:trui!i corresiximling to the originnl mulio frecpiency sound. 'I*hc souikI 
in this K|iectrum is picked up hv a small niicmplione, aniplifictl, detected and fed 
tu a Hui table indieatur. See Meyer, E., Jonr. Acous^ Soc. VoL 7, Na 5, 

p. 88, 1935. 


CHAPTER III 

MBCHANICAL VBRATINO SYSTEMS 


SJ., Introductloini — The preceding chapters have been confined to the 
considerations of simple systems, point sources, homogeneous mediums 
and simple harmonic motion. Sources of sound such as strings, bars, 
membranes and plates are particularly liable to vibrate in more than one 
mode. In addition, there may be higher frequencies which may or may 
not be harmonics. The vibrations in solid bodies are usually termed as 
longitudinal, transverse or torsional. In most cases it is possible to con- 
fine the motion to one of these types of vibrations, h'or example, the 
vibrations of a stretched string are usually considered os transverse. It 
is also posuble to excite longitudinal vibrations which will be higher in fre- 
quency. If the string is of a fairly laige diameter torsional vibrations 
may be excited. The vibrations of a body are also niiected by the me- 
dium in which it is emersed. Usually, in the consideration of a particular 
example it is necessary to make certain assumptions which will simplify 
the problem. The mathematical analysis of vibrating Uxlies is extremely 
complex and it is beyond the scope of this book to give a detailed analysis 
of the various systems. ITie reader is referred to the treatises which have 
been written on this subject for complete theoretical considerations. It is 
the purpose of this chapter to describe the most common vibrators in use 
to^ay, to illustrate the form of the vibrations and to indicate the resonant 
frequencies. 

8.2. StringB. — In all string instruments the transverse and not the 
longitudinal vibrations are used. In the transverse vibrations all parts 
of the string vibrate in a plane perpendicular to the line of the string. 
For the case to be described it is assumed: that the mass per unit length 
is a constant, that it is perfectly flexible (the stiffness being negligible) 
and that it is connected to massive nonyielding supports, Fig. 3.1. Since 
the string is 6xed at the end, nodes will occur at these points. The fun- 
dnmeiital frequency of the string is given by 



3.1 
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where T >* tension, in dynes, 

tn -■ moss per unit length, in grams, 

/ length of the string, in centimeters. 

The shape of the vibration of a string is sinusoidal. In addition to the 
fundamental, other modes of vibration may occur, the frequencies being 
2, 3, 4, 5, etc., times the fundamental. The first few modes of vibration 
of a string ate shown in Fig. 3.1. The points which are at rest are termed 



FIRST OVCRTOtC SECOfD HARMONIC 



SeCOMD OVEHTOIC THIRD HAHMONK 



THIRD OVCRTOtC FXMMTH HARUOMC 




Firm OVERTONE SIXTH KAHMOHIC 


Fio. 3.1. Moths of vibration of a itretcheti ttring. ’Ilic imlca nnei loops nre indkated by 

N and U 

nodes and arc markctl N. 'I'hc {Mints between the ntxlcs where the ampli- 
tude is a maximum are tcrmctl antinodes or haqis and arc marked /.. 

The above example is the simplest form of vihratiem of a string. A few 
of the problems which have been considered by different investigntora*'*'*’*'® 
are ns follows^ nummiform strings, loaded strings, stiff strings, nonrigul 


* Rayleigh, “ llieory of Sound," Macmillan anti Gx, I.(irultm. 

* Cramlall, “ Theory i»f Vibrating Systcnia and Sound," 13. Van Nnatrnnil Co., 
New York. 

* WcKxl, " A 'I'cxt Btxik of Sound,” Rcll and Snn^ I.ondon. 

* Morse, " Vihratiun and Sound/' McGraw Hill Ikxik Co., New York. 

*Lamb, *' Dynamical 'Hicnry of Sounil," R. Arnold, iMndon. 
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supports, the effect of damping and the eilect of different types of ezcita^ 
don. These factors of course alter the form of vibration and the overtones. 

8.8. TransTarse Vlbratloa of Ban ^•*'<**, — In the preceding secdon 
the perfectly flesdble string was considered where the restoring force due 
to stiffness is negligible compared to that due to tension. The bar under 
no tension is the other limiting case, the restoring force being entirely due 
to stiffness. For the cases to be considered it is assumed that the bars 
are straight, the cross section is uniform and symmetrical about a central 
plane, and as in the case of the string, only the transverse vibrations will 
be considered. 
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Fio. 3.2. Modea of traurene vibntioiu of ■ bar damped at one end and free at the other, 

of a free bar and a bar aupported at both ends. 


A. Sar Clamped at One End. — Consider a bar clamped in a rigid sii})- 
port at one end with the other end free (Fig. 3.2). I'he fundamental 
frequency is given by 



.5596 




where 

/ ~ length of the bar, in centimeters, 
p B density, in grams per cubic centimeter, 

^ = Young's modulus, in dynes per square centimeter, seeTable 3.1, and 

K B radius of gyration. 

For a rectangular cross section the radius of gyration is. 



TRANSVERSE VIBRATION OF BARS 


39 


where n " thickness of the bar, in centimeters, in the direction of vibration, 
For a circular cross section 



where a « radius of the bar in centimeters. 

The modes of vibration of a bar clamped at one end are shown in Fig. 3.2. 

l*he table below gives the position of the nodes and the frequencies of the 
overtones. 


No. of Tone 

■ ■ ” 

No, of Noda 

Diitucci of Nodes frooi Free 
End In Terms of Lenach of 

the Bur 

Prequendei 
u • BjLtio of the 
Fundsjnenbtl 

1 

1 

0 


Jx 

2 

1 

.2261 

6.267/1 

3 

2 

.1321, .4999 

i7.sy, 

4 

3 

.0944, J558, .6439 

34jy, 


It will be seen that the overtones are not harmonics. The hrat overtone 
of a bar or reed has a higher frequency than the sixth harmonic of a string. 
Hic tuning fork is the most common example of a bar clamped at one 
end, lxH:au.'ic it can be considered to be two vibrating bars clamped at the 
lower ends. The overtone or the high frequency sound of a tuning fork 
is quickly dam]>cd out leaving almost a pure sound. 

B. Bar Fne ai Both Ends. ~ Consider a perfectly free bar (Fig. 3.2). 

The fundamental frequency is given by 

y, 3.3 

* V p 

where I *■ length of the bar, in centimeters. 

All the other quantities are the same as in equation 3.2. 

The modes of vibration of a perfectly free bar are shown in Fig. 3.2. 
'I'he table which follows gives the position of the nodes and the frequencies 

of the overtones. 
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Norof Tone 

No. of Noda 

DUtancei of Noda from one End 

In Termi of the Length of the Bur 

. P^uendee u 

i a Ratio of the 

Fundimenttl 

1 

2 

.2242, .7758 

' /i 

2 

3 

.1321, .50, .8679 

2.75^1 

3 

4 

.0944, .3558, .6442, .9056 

5.40Vi 

4 

5 

.0734, .277, .05, .723, .9266 

8.93yi 


C. Bar Clamptd at Both Ends. — Cotuider a bar rigidly clamped at both 
ends. The aome tones are obtained as in the case of the perfectly 
bar. 

D. Bar Supported at Both Ends. — Consider a bar supported on knife 

edges at the two edges at the two ends (Fig. 3.2) . The fiindamental fre- 
quency is given by 






where 1 = length of the bar, in centimeters. 

All the other quantities are the same as in equation 3.2. 
The overtones are 


/."Vi 
/. = 9/i 


/t 1 <^1 etc. 


The nodes are equidistant os in case of the string. 

3.4. drculu Membrane — The ideal membrane is assumed to 
he fleaiblc, uniform and very thin in cross section, and stretched in all direc- 
tions by a foirc which is not affected by morion of the membrane. Com- 
plete theoretical analyses have been made of square, rectangular and 


T u Sound,” E. Arnold, London. 

Raylogh Theory of S«nd.” Macmillan and Co.. London. 

Sons, London. 

New Tbrk * Theory of Vibrating Systems and Sovnd,” D. V) 
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circular membranea. For cases of practical interest the membrane is 
rigidly clamped and stretched by a massive circular ring. The ninda- 
mental frequency. Fig. 3.3^, of a circular membrane is given by 





where m » mass, in grams per square centimeter of area, 
R ■■ radius of the membrane, in centimeters, and 
T "• tension, in dynes per cendineter. 



fnajjobl f|»a4.a8ioi 

Kio. 3.3. Modes of vibration of a stretched circular mctnhrane. Shadal segments an dis. 

placed In opjxuite plusc to unahatled. 

The fundamental vibration is with the circumference as a node and a 
maximum displacement at the center of the circle (Fig. 3.3yf). The fre- 
quencies of the next two overtones with nodnl circles arc 

/m “ 2.3Q/ii 
Jn “ 3.f}Q/||i 
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and are shown in Figs. 3.3S and 3.3C. The frequencies of the first) 
second and third overtones with nodal diameters are 


/ii - 1.59/01 

/n - 2.14/01 

/n “ 2 . 64 /ia 

These nodes are shown in Figs. 3.3D, 3.3E, and 3.3F. Following these 
umpler fmms of vibration are combinations of nodal circles and nodal 
diameters. The frequency of one nodal circle and one nodal diameter, 
Fig 3.3G, is 

/u = 2.9Voi 

The frequency of one nodal circle and two nodal diameters. Fig. 3Jff, is, 

/n - 3.50/ 

The frequency of two nodal circles and one nodal diameter, Fig. 3.3/, is 

/is = 4.2^01 


The stretclied circular membrane is used in the condenser microphone. 
See Sec. 9.23. The fundamental resonance frequency is placed nt the 
upper limit of the frequency range. A resistive load is couplet] to the 
diaphragm for damping the response in the neighborhiKxl of the funda’ 
mental resonance frequency. This resistance is incoqxiratcd in the back 
plate which serves as the stationary electrode. 

A stretched circular membrane is also used in all types of drums. In 
this case the air enclosure as well os the charncteriatics of the membrane 
controb the modes of vibration. 

8.6. Circular Clamped Hate — Consider a plate under no 
tension, uniform in cross section and rigidly clanijicd hy a massive 

circular ring. The fundamental frequency, Fig. 3.4//, of a circular plate 
is given by 

/ r ' i ~ 

“ /e* Vp(i - «*) 


” ^ylcigh, “ Theory of Sound," MacmiUan and Co., T.ondon. 

Morse, " Vibration of SountI,” McGraw Hill Hook Co., New York. 
“ Wood. “ A Text Book of ^nd," Bdl and ima, I.ondon. 

Crandall, “Theory of Vibrating Systems and ScHind," D. Van 
Co., New York. 

“ Lamb, “ Dynamical Theory of Sound.” E. Arnold. T.nndon. 
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where t — thickness of the plate, in centimeters, 

R ia radius of the plate up to the clamping boundary, in centimeters, 
p “ density, in grams per cubic centimeters, 
o o> Poisson’s ratio, and 

^ B Young’s modulus, in dynes per square centimeter. See Table 3. L 



(f-Usb fuaSMb, fo'luHbi 

Fio. 3.4. Modes of vibration of a damped drniUr plate. Shaded Kijincnti are diafla m l 

in oppuaite phase to unahadcU. 

The fundamental fretpicncy is with the circumference ns a node and a 
maximum disidaccment nt the center. 

'Phe frequency of the next two overtone.H with nodal circles, Kig. 3.4 j 9 
and 3.4C, are, 

Ju = 3.91/ni 

/« “ 8.75/« 

The frequencies of the first, .second and third overtones with nodal diame- 
ters are 

/ii “ 2.0^01 

/ji = 3.4.3 /oi 

/ii == 4.9^01 

These nodes are shown in Fugs. 3.4D, 3.4£ and 3.4/^. 
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Following these simpler forms of vibration are combinations of nodal 
circles and nodal diameters. The frequency of one nodal circle and one 
nodal diameter, Fig. 3.4G, is 

Ja " 5 . 5^01 

m 

The frequency of one nodal circle and two nodal diametera, Fig, 3.4/f, is 

fn - 8.74/« 

The frequency of two nodal circles and one nodal diameter, Fig. 3.47, is 

/« = 11 . 9/01 

The clamped plate is used in electromagnetic telephone receivers in 
which the steel diaphragm serves ns the armature. See Sec. 10.2/f. It ia 
also used in carbon microphones. See Sec, 9.2/f. Clamped plate dia- 
phragms have been used in miniature condenser microphones. The dis- 
advantage of a plate is the difficulty of mounting a thin plate to give a 
small mass per unit area for high sensitivity and still have sufficient stiff- 
ness to yield a high fundamental frequency. 

8.6. Longhudlnol Vlbratloii of — Consider an entirely 

free rod of homogeneous material and constant cross section. The 
simplest mode of longitudinal vibration of a free rod ia one in which 
a loop occurs at each end and a node in the middle, that is, when the 
length of the rod is one half wavelength, llie fundamental frequency of 
longitudinal vibration of a free rod. Fig. 3.5, is 

where I >■ length of the rod, in centimeters, 

p ■> density of the material, in grams per cubic cen timeter, and 
^ »• Young’s modulus, in dynes per square centimeter. Sec Table 3. 1 . 

The overtones of the free rod are harmonics of the fundamental. That is 

/i ■ Vi> /i " 3 / 1 , /i - 4 / 1 , etc., Fig. 3.5. 

The fundamental resonance frequency ocairs when the length of the nal 
ia one-half wavelength. This fact provides a means of computing the 
velocity of sound when the density, Young’s Modulus and the frequency 

” Rayleigh, “ Theory of Sound,” Macmillon and Co., London. 

^ Morse, “ Vibration and Sound,” McGraw Hill Book Co., New York, 

** Wood, A Text Book of Sound,” Bell and S^i, London. 

** Lamb, " Dynamical Theory of Sound,” £. Arndd, London. 
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are known, or the frequency of sound when the velocity, density and 
Young's Modulus are known. 

Rods in which the longitudinal waves are excited by striking the ends 
are used ns standards of high frequency sounds, 5000 and above, where a 
tuning fork is not very satisfactory. 

Longitudinal waves in a rod may be set up by electromagnetic, electro- 
static or magnetostriction means. In the first case, if the rod is of mag- 
netic material and is held near an electromagnet in which an alternating 
current is flowing a longitudinal force will be set up in the rod. If the 
frequency of the driving current is continuously variable, the rod will be 
sec into violent vibrations at the fundamental resonant frequency. If the 
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Fio. 3.5. Moda of longitudiiui vibnittoiii of « free md. The nodes snd loops sre indicated 

by ^snd 

plane end of a rod is placed near a metallic disk, the two plane surfaces 
may be used to serve os plates of a condenser. An alternating current 
sent through the condenser will cause an alternating force to be exerted 
upon the end of the rod. llie rod will be sent into violent vibrations 
when the frequency of the impressed alternating current corresponds to 
the fundamental frequency or one of the overtones. Magnetization of 
magnetic materials produces small changes in the dimensions of these 
materials. A rod of magnetic material placed in a coil of wire will expe- 
rience a change in length corresponding to the alterations in the actuating 
current. If die coil is part of the circuit of a vacuum tube oscillator, the 
rod will vibrate and the vacuum tube will oscillate at the fundamental 
frequency of the rod. Such a system is termed a magnetostriction sonic 
or super sonic generator * and may be used to produce sound waves in air 
or any other medium. 


*• Pierce, G. W., Pne, Am. Acnd. Am nnd Set., Vol. 63, p. 1, 1928. 
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3.7. Tonioiuil Vibration of Bars — A solid bar or tube may be 
twisted about the axis of the rod in such a manner that each transverse 
section remains in its own plane. If the section is not circular there will 
be motion parallel to the axis of the bar. Consider an entirely free nxl 
of homogeneous material and circular cross section. I'he simplest or fun- 
damental mode of torsional vibration occurs when there is a node in the 
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Fio. Sits. Modes of tonionsl vlbrtdon of a free rod. The nodes and loops are indicated by 
tb iy and L, 


middle and a loop at each end, that is, when the length of the nid is one 
half wavelength. The fundamental resonant fret|ucncy, I''ig.3.6, is given by 


_1 I ^ 

“ 2/\2p(«r + I) 



where / » length of the rod, in centimeters, 

p * density, in grama per cubic centimeter, 

^ " Young’s modulus, in tlynes |)cr M]unre centimeters, and 
cr — Poisson’s ratio. See Table 3.1. 

'The overtones, as in the cose of longitudinal vibrations, arc htirimmics of 
the fundamental. That is, /i « Vi./i •= ‘Vi./ij = etc. 'rhe ncxles 
and antinodes for the various harmonics are formul os in the case of longi- 
tudinal vibrations. 

Torsional vibrations may be set up in bant by any means which applies 
tangential rat*cc8 to the free end. From a comparison of the longitudinal 
and torsional vibrations in the same har, Poisson’s ratio may lie determinetl. 

Wooilj “ A Test Book of Sountl," Bell ami Sons, laimlnn. 

•• Rayleigh, " ITicory of Sound,” Macmillan and Gj., Ijonilon. 
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8>8. Open and Closed Pipes. — The vibrations of a column of gas or 
fluid in a cylindrical tube are analogous to the longitudinal vibrations in 
a solid bar. For the open pipe there must be a loop of displacement at 
the open ends. 

The fundamental resonant frequency of a pipe, open at both ends, 
Fig. 3.7, is 

r-i 39 

I 2 / 

where / — length of the pipe, in centimeters, and 

e ■■ velocity of sound, in centimeters per second. See Table 1.1. 

The overtones of an open pipe are harmonics of the fundamental. That 
is - yi, /| - yi, Ja - Vi, etc. 
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Fio, 3.7. Modes of vibration of the air column in a pine open at both emta and in a pipe 
cloactl at one end and open at the other end. *rhc vdodt)' noilca and loopa are indicate 
by N and L. 



'Fhe fundamental resonant frequency of a pipe closed at one end and 
open at the other end, Fig. 3.7, is 



3.10 


The overtones of the pipe closed at one end arc the odd harmonics. 
That is ft = 3/i, ft = 5/i, etc. 

In the above examples the end connection has lieen omittetl. Rayleigh ** 
shows the nddetl length at the open end to be .82/2 where R is the radius 
of the pipe. If the pipe is terminated in u large flange the end connection 
will be that given in Sec. 5.7. 

Oi^n pi|)es and whistles have been built to cover the range from 16 

" Rayldgh, Theory of Sound," Macmillan and Co., London. 
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cycles to 30,000 cycles. The frequency of open and closed pipes may be 
computed from the above equations. The sound vibrations in the pipe 
are set up by the stream of air which is controlled by the vibration in the 
pipe. It is on oscillatoiy system fed by a direct current of air or (pis. 


Tails 3.1 yodno’i MounLvi jl, iir ptnii pir kiuaii ckk* 
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Materiil 



•• 

P 

Ahoiinam 

7X 10“ 

.33 

2.7 

Dnw 

10 X 10“ 

.33 

8.4 

Bintn (phoiphor) 

12 X 10“ 

.31 

8.8 

Copper 

11X10“ 

.35 

8.9 

GIm 

8X10“ 

.25 

2.6 

Iron (wrought) 

20X10“ 

.28 

7.6 

Leid 

1.7X10“ 

.43 

11.3 

Mignedum 

4 X 10“ 

J3 

1.7 

Nickel ; 

21 X 10“ 

.31 

8.0 

Silver 

7X10“ 

.37 

10.4 

Steel 

19 X 10“ 

.27 

7.7 

Tin 

5X10” 

.33 

7.3 

TitngMteti 

35 X 10” 

.17 

19.0 

Zinc 

9 X 10“ 

.17 

7.0 













CHAKrEK IV 

ELBCTRICAL, MBCHANICAL AND ACOUSTICAL ANALOOIB8 


4.1. IntroductioiL — Systems in use to-day for suuiul reprixluction in- 
clude mechanical, acoustical, electru-acousticnl, ulcctro-mechitnicali 
chano-ocuustical and electro-mechano-acoustical systcmti. Almost nny 
work involving mechanical or acoustical systems also includcH electrical 
systems and electric circuit theory. Acoustical measurements nre usunlly 
mode with electrical instruments and in terms of ciectricnl quantities. 
Ultimately the electrical units must be compared with ncnusticnl and me- 
chanical units. In general, anyone in any manner connected with Round 
reproduction must be familiar with electric circuit theory. Therefore, it 
is logical, whenever possible and convenient, to treat mechtinicttl and 
acoustical problems by the same mathematical theory os is used in electric 
circuit problems. 

Hlectric circuit theory is the branch of elcctn)mngnetic thcr^ry which 
deals with electrical oscillations in linear electrical networks. An elec- 


trical network is n connecttxl set of separate circuital termetl brnnehes or 
meshes. Thc.se branches or meshes are coni|)()sctl of elements. kcHis- 
tnnee, inductance and capacitance are tcrmcil elements. 

Mathematically the elements in on electrical circuit nre the codlicients 
in the difierential equations. 'I'he et|uations of electric circuit theory may 
be l)ased upon Maxwell’s dynamical theory. In this case the network 
forms a dynamical system in which the currents play the role of velcs'iries. 
In the same way the c< efficients in the diHercntinl e(|untions of n mcchiini- 
cal nr acoustical system may lie Icxiked iqxin ils mechttnicnl or iiciHisticnl 
elements. In other words, every electrical, mcchiinicul or ncousticul syn* 
tern may le considcrctl os a combination of electrical, mecluiniciil or 
actmstical elements, 'rhereforc, any mechanical or ncousticul systcin mny 
be reduceil to an ciectricnl network. Then the problem may he solveil hy 
electric circuit theory. 

It is the pur|)oBc of this chapter to consider electrical, imrhanicnl aiuI 
acoustical elements and the cnnihinntion of elements luul to indicate antilo- 
gies liotween the elements and connections in the three systems, 

4,2. Resistance,— A. liltchical Rcsisltwce . — Ucsistance is the circuit 
element which causes dissipation. 
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Electrical reaiatance in abohms, is defined by Ohm’s law 

e 

ra “ - 
1 



where e » voltiige across the resistance, in abvolts, 

i B current through the resistance, in abomperes. 

B. Mechanical Resistance. — In a mechanical system dissipation is due 
to friction. Mechanical resistance rv, in mechanical ohms, is defined os 




where fa ** applied mechanical force, in dynes, and 

u B velocity at the point of application of the force, in centimeters 

per second. 

C Acoustical Resistance. — In on acoustical system dissipation maf be 
due to fluid resistance or radiation resistance. Fluid resistance is due to 
riscosity. See Sec. 5.2. In the case of fluid flowing through a pipe with 
a velocity of one cubic centimeter per second, resistance is represented by 
the pressure dn^ along the pipe, llie case of radiation resistance Is dis- 
cussed in Sec. 5.7. 

Acoustical resistance rj, in acoustical ohms, is defined as, 



where p » pressure, in dynes per square centimeter, and 

U B volume current, in cubic centimeters per second. 

Volume current (sometimes termed volume velocity) is the rate of change 
of volume displacement with rime. In other words, volume current is the 
linear velocity over an area multiplied by the nrea. 

4.8* Inductance, Inertlat Inertance. — A. Indiielance. — Inductance is 
the electrical circuit element which opposes a change in current. Induc- 
tance is defined as 


e 




where L “ 

C B 

lit 



inductance, in abhenries, 

electromotive or driving force, in abvolts, and 

rate of change of current, in abamperes per second 
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ition 4.4 states that the driWng force or electromotive force across 
ictonce is pr{)]y>rtional to the inductance and the rate of change of 


rtetiia. — Moss is the mechanical element which opposes a change 
city. Mass is dehneU os 



riu 

€it 


moss in grams, 

acceleration, in centimeters per second per second, and 
driving force, in dynes. 


%tion 4.5 states that the driving force applied to the mass is pro* 
inJ to the moss and the rate of change of velocity. 
nerUinee. — Inertance is the acoustical element which opposes a 
in volume current. Inertance is defined as 




M 

ffU 

fit 

P 


inertance, in grams per square centimeter per square centi- 
meter, 

change in volume current, in cubic centimeters per second 
{)er second, and 

driving pressure, in dynes jier stpinre centimeter. 


iition 4.6 states that the driving pressure applied to an inertance is 
tional to the inertance ami the rate of change of volume current. 

Capacitance, Compliance, Acoustic Capacitance. — A. Electrical 

'/fittcc. — Capacitani-e is the electrical circuit element which opposes 
fgii in voltage. Capacitance is ilefined ns 


t 




Ch 

fie 

At 

< 

t 


» capacitance, in abfanuls, 

= rate of change in voltage, in nhvolts }X‘r second, and 
s current, in nbnmperes. 
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Equndon 4,7 may be written 

iiit — 4.8 

where ^ ■■ charge on the capacitance, in abcoulombs. 

Equation 4.8 states that the charge on a condenser is proportional to the 
capacitance and the applied electromotive force. 

B. Mechanical CompHanee, — Compliance is the mechanical element 
which opposes a cliange of the applied force. Compliiuice may be de- 
fined as 



tiif 

where Cu compliance, in centimeters per dyne, 

» * displacement, in centimeters, and 
/ir * applied force, in dynes. 

Equation 4,9 states that the displacement of a compliance is proportional 
to the compliance and the applied force. 

C. Acoustical Capacitance. — Acoustical capacitance is the acoustic 
element which opposes a change in the applied pressure. I'he pressure, in 
dynes per square centimeter, in terms of the condensation, from equation 
1.21 is 


pm fips 



where e -> velocity, in centimeters per second, 

p ~ density, in grama per cubic centimeter, and 
s m condensation. 

The condensation in a volume A^due to a change of volume dV is 


j 


V 


4.11 


The change in volume is 

dV - Sx 4.12 


where x ■> displacement, in centimeters, over the area in square centi- 
meters. 

The volume displacement, in cubic centimeters, is, 


Xm Sx 


4.13 
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From e(}uatioii8 4il0, 4ill> 4.12 and 4.13 the pressure is 




Frt)m the definition of acoustic capacitance^ equation 4.14, the acoustic 
capadtonce of a volume is. 



Then equation 4.14 may be written, 



4.16 


Iu]uation 4.16 states that the volume displacement in on acoustic capad- 
tance is prD|wrtional to the pressure and the acoustic capacitance. 
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CIXCTRICAL UCCHANtCAL ACOUSTICAL 

I^u. 4.1. (imphical repmentatum of the thiw ba«c etements in electrical, mechanical and 

acouatical lyacema. 


4.6. Representatloa of Blectrlcol, Mechanical and Acoustical Blemeats. 

MlfK'tricnl, mechanical and acoustical elements have been defined in the 

preccdiniK sections. Mgure 4.1 illustrates schematically the three elements 
in each of the three systems. 

Mechanical resistance is reprcsenretl by sliding friction which causes 
di.H.sipntif»n. Acoustic resistance is represented by narrow slits which 
cause dissipation due to viscosity when fluid is forced through the slits. 
'Jliesc elements are analogous to resistance in the electrical system. 

Inertia in the mechanical system is represented by a moss. Inertanco 
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ill the Rcouflticftl systcni is represented ss tKe fluid contftined in a tube in 
which all the particles move with the same phase when actuated by a force 
due to pressure. These elements arc analogous to inductance in the 

electrical system. 

Compliance in the mechanical system is represented as a spring. Acous- 
tic capacitance is represented as a volume which acts ns a stiffness. Theae 
elements are analogous to capacitance in the electrical system. 

4.6. Electrical, Mechanical and Acouatlcal Syatema of One Degree of 
Freedom. — In the preceding sections the fundamental elenicnta in each 
of the three systems have been defined. From theae definitions it is evi- 
dent that friction, mass and compliance govern the movements of physic nl 
bodies in the same manner that resistance, inductance and capacitance 
govern the movement of electricity. In any dynamical system there are 



Flo. 4.2. Ekctiical, mecluDical and acooidnl iTatctna of one degree of rrecdom. (Coarteay 
of The Blaidatofi Company from Obon and MaaBa, " Applied Acouadca.”) 

two distinct problems, namely; the derivation of the (.liffcrcntiul ciiuatinna 
from the statement of the problem, and the physical laws anil the solution 
of the difierential equation. Mathematically the elements in the electrical 
circuit are the coefficients in the differential eijuation. In the same wny 
the coefficients in the differential equations of a mechanical or acoustical 
system may be looked upon os mechanical or acnusticnl elements. It i» 
the purpose of this section to descrilie the action of electrical and acous- 
tical systems from this viewpoint. An electrical, mechanical and acoustical 
system of one degree of freedom is shown in Mg. 4.2. In one degree of 
freedom the activity in every element of the system may Ik expressed in 
terms of one variable. In the electrical system an inductance n re- 
sistance rc, a capacitance Cg and an electromotive force c arc connected in 
series. In the mechanical system, a driving force fu acts upon a particle 
of mass n fastened to a spring Cu and sliding upon a plate with a frictional 
force which is proportional to the velocity and designated ns r^. In the 
acoustical system, an impinging sound wave of pressure p acts upon an 
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inurtnncc M compriiting the air in the tubular opening which is connected 
to the volume Ca. The ncciustical resistance va is due to radiation. 

A. KhtHic ■- - 'ITic kinetic energy, in ergs, stored in the mag- 

netic field of the electrical circuit is 

Tkm - iZj* 4.17 


where !. ■» imluctnncc, in nbhenrics, and 

/ » current through the inductance £, in abampieres. 

'I'he kinetic energy, in ergs, stored in the moss of the mecluinicHl 
system is 

Tku *“ 4.18 


where i» » mass, in grams, and 

i » vehx'tty of the moss w, in centimeters per second. 

’I'he kinetic energy, in ergs, 8tot*cd in the inertonce of the acoustical 
system is 

Tka - 4.19 


where M wf .S'*, rhe inurtnnee, 

m -* mass of air in the oix;ning, in grams, 

.V rross-stnrtional area of the (i|H;ning, in square centimeters, 

,V « .s'^, (iiul 

/ veliH'iry of rile air particles in the ojicning, in centimeters ]ier 

.second. 

It is asRiiiiuti that all the air pnrticks in the ojxjning move with the 
same ph:iM*. 

II. Pnit'utiiil ’I’he |H)tential energy, in ergs, stored in the 

chH’tric lielil <»f the ekvtricnl circuit is 



4.20 


where f'jv — capacitance, in nhfarads, and 

a chnrge on ilu* enpncitnnce, in alicmilomlis. 

I’he potential energy, in ergs, stonxi in the compliance or spring of the 

iiiechanical system is 



when* f.’v ■ I ■f. compliaiuc of the spring, in centimeters jier dyne, 

s sij(rnfs.s of the spring, in dynes per centimeter, and 
.V ■ ilisplacement, in centimeters. 
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The potential energy, in ergs, stored in the capacitance of the acousdcai 
system is 



4.22 


where X ■■ volume displacement, in cubic centimeters, 

y . . 

^ acoustical capacitance, 

y « volume of the cavity, in cubic centimeters, 
p ■* density of air, in grams per cubic centimeter, and 
e = velocity of sound, in centimeters per second. 

The total energy, in ei^, stored in the three systems may be written. 


Wm™ Tmm + ypM “2 ^ 2 ^ 

■* Tsu + ypu “ 2 

JFa - Tma + ypA - ^ ^ 4-25 


The rate of change of energy, in ergs per second, in the three systems 
may be written 


J 


dW, 

dt 

dfy„ 

dt 



mil + 



t«+7r 


4.26 

4.27 


dfyA 

dt 


• XX 

MXX + ^ 

^A 


4.28 


C. Dissipation. — The rate at which electromagnetic eneigy, in eigs per 
second, is converted into heat is. 


Dm = ra? 

where rg - resistance, in abohms, and 

i " current, in abamperes. 


4.29 
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Assume that the frictional force /^r, in dynes, acting upon the mass m as 
it slides back and forth is proportional to the velocity as follows, 

■■ TuX 4i30 

where rv mechanical resistance, in mechanical ohms, and 

i velocity, in centimeters per second. 

The rate at which mechanical energy, in ergs per second, is converted 
into heat is 

Djf “ 4i31 

The rate at which acoustical energy, in ergs per second, is radiated is 

Da - t'A^ 4.32 

where ~ acoustical radiation resistance, in acoustical ohms, and 
^ volume current, in cubic centimeters per second. 

Acoustic radiation resistance will be considered in Sec. 5.7. 

D. Eqtutiions qf Motion, — The rate at which work is done by the ap- 
plied electromotive force is The rate at which work is done 

by the applied mechanical force is » /j^. '[’he rate at which work 
is done by the applied acoustical pressure is XP^ « pj^. 

'ITic rate of decrease of energy (7jc + Fp) of the system plus the rate 
at which work is done on the system by the external forces must equal the 
rate of dissipation of energy. Writing this sentence mathematically yields 
the equations of motion for the three systems. 

Electrical 


Mechanical 


mii + rj,4* + 1? - 


4.33 


+ rjf4 + ;?• - 



wkH! + f *i* 


fult + 


+ 

+ 


— - 

/I * ^ W 

^Af 

4.35 

Uif 

4.36 
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Acousticiil 


MXX + nX* + 


i* 


MX + fAX + 


Ca 
X 


Ca 


P^X 


4.37 

4.38 


The steady state solution of equations 4.34, 4 J6 and 4.38 are: 
BUectiical 


4-*- 




Tm 


«Cj| 


is 


Mechanical 


± 






I 

uC 


Jjt 

%U 




Acoustical 


■ 

X 




fA ■\-jaM 


I 

wC. 


2. 

Za 


The vector electrical impedance is 

zs - rs +/«£, 

The vector mechanical impedance is, 

Zif * Tif 

The vector acousdcal impedance is 

■“ T/i + jtaM 


I 

(oCf 


J 


(iiC 


u 


uCa 





4.42 

4.43 

4.44 


Electrical impedance is the complex quotient of the voltage hy the cur- 
rent. The unit is the abohm. 

Electrical resistance is the real component of the eleLtricnl inqKxlnncc. 
Tlie unit is the abohm. 

Electrical renctance Is the imaginary coni|H>ncnt of the electrical imned- 
ance. The unit is the abohm. 

Electrical ahohm. An electrical resistance, reactance nr im)wlance is 
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said to have a magnitude of one abohm when a voltage of one nbvolt pro- 
duces a current of one abompere. 

Mechanical impedance is the complex quotient ol the force by die linear 
velocity. The unit is the mechanical ohm. 

Mechanical resistance is the real component of the mechanical imped- 
ance. The unit is the mechanical ohm. 

Mechanical leactance is the imaginary component of the mechanical 
impedance. The unit is the mechanical ohm. 

Meehattieal ohm. A mechanical resistance, reactance or impedance is 
said to have a magnitude of one mechanical ohm when a force of one dyne 
produces a velocity of one centimeter per necond. 

Acoustical impedance is the complex quotient of the pressure by the 
volume current. The unit is the acoustical ohm. 

Acoustical resistance is the real component of the acoustical resistance 
impedan,cc. The unit is the acoustical ohm. 

Acousdeal reactance is the imaginary component of the acoustical Im- 
pedance. I'he unit is the acoustical ohm. 

Aeouftical ohm. An acoustical resistance, reactance, or impedance is 
said to have a magnitude of one nctaistical ohm when a pressure of one 
dyne per square centimeter produces a volume current of one cubic cen- 
timeter per second. 

F.. Ruonant Frequency. — For a certain value of L, and Ck, m and Cj,, 
and M and Ca there will be a certain fmfuency at which the imaginary 
com|xmcnt of the inijicduncc is '/cro. This frequency is called the resonant 
frequency. At this frequency the ratio of the current to the applietl vol tage 
or the ratio of the vcl<x:ity to the applied force or the ratio of the volume 
current to the applied pressure is a maximum. At the rcstniant frequency 
the current and voltage, the velocity and force, and the pressure and vol- 
ume current are in phase. 

'ITic resonant frequency /, in the three systems is, 

Electrical 





Mechanical 


Acoustical 



4.4d 


4.47 
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4.7. BlActricfll, Mectunloal and Acoustical Systems of Two Begrees of 
Freedom. — The simple resonant system of one degree of freedom has been 
considered in the preceding section. It is the purpose of this section to 
consider the parallel electrical circuit and the mechanical and electrical 
equivalents. 

TJu EUttrienI Systan 

The relation of the currents in Pig. 4,3 are 

h - ii + 4.48 


The voltage across the capacitance is 

31 

Cm 

The voltage across the inductance and resistance in series is 

rdk, . 

Since 4 h equation 4.50 may be written 


4.49 


f 

I 






OJKTMCAL 


yrfH>wr*L 


4.50 


4.51 



AfiOUtTKAL 


Fio. 4J). Etectrkal, nwchankil and RcouMical mtenu of two ilcgreeti of freedoni. 


TAe MeehatiUal System 

The total displacement in the mechanical system of lug. 4.3 is the sum 
of the displacement of the mass m and the displacement of the com- 
pliance Cjf. 

Jfi “ + AS 4.52 

Differentiating equation 4,52 with respect to the time, the velocities are 

4.53 

Tlie force applied to the spring is 
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The force applied to the mass and resistance is 

Jit “ iulti + 4.55 

The Aeoustical Sysian 

The total volume displacement, in the acoustical system of Fig. 4 J, la 
the sum of the volume displacement of the inertance M and the volume 
displacement of the acoustic capacitance 

•^1 " 4.56 


The total volume displacetnent is the volume displacement of the vi- 
brating piston. The vibrating piston is not a part of the acoustical system. 
It is merely the sound pressure source which produces the sound pressure^. 

Differentiating equation 4.56 with respect to the time, the volume cur- 
rents are 

" ^1 + ^1 4.57 


The pressure applied to the capacitance is 



4.58 


The pressure applied to the inertance and acoustic resistance is 

p - 


4.59 


A comparison of the coefficients of equationa 4.49, 4.51, 4.54, 4.55, 4.58 
and 4.59 shows again that resistance, inductance and capacitance is equiva- 
lent to resistance, mass and compliance in the mechanical system and to 
resistance, inertance and acoustic capacitance in the acoustical system. 
A comparison of equations 4.48, 4.53 and 4.57 shows that currents in the 
electrical system are analogous to velocities in the mechanical system and 
to volume currents in the acoustical system. 

The equations for the impedance of a parallel electrical circuit ore given 
in all text-books on electrical engineering and will not lie repented. The 
performance of the mechanical or acoustical system of Mg. 4J may be 
predicted by employing the equations for the electrical circuit of Mg. 4.3. 
4.8. Blectrical, Mechanical and Acoustical Syatems of Three Degrees 

of Freedom. — A system of three degrees of freedom is shown irk Mg. 4.4. 
The currents In the diflerent branches of the electrical system may be 
obtained by using the rules and formulas of the electrical circuit theory. 
From the differential equations of the electrical, mechanical and acoustical 
systems it can be shown Z,i, £i, Cnii Cm and Pm in the electrical system arc 
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equivalent to wi, mat Cuit Cj/i and ru in mechanical system and Mi, 
Mt, Cji, C^a and va in the acoustical system. ITicsc ei]uati()nH also show 
that the currents in the electrical system are equivalent to the velocities 
in the mechanical system and to the volume currents in the acoustical 
system. Therefore, the action of a mechonical or acoustical system may 
be predicted by employing the equivalent electrical circuit of these systems 
and solving tlie circuit by the convendonol electrical theory. 



Fn. 4^. Electrical, medumkil and aooaadcal ayitema of three degrees of freedom. 

4.9. Corrective Networks. — A. J nh'odiution . — A corrective network 
is a structure which has a transmission frequency characteristic thot is 
more or less gradual in slope. Such a characteristic is ohtninetl when an 
inductance, capacitance or the combination of Ixjth are shiiiiteil ncniss a 
line. Another type of corrective network is nn imliictuncc capneitnnee or 
combination of both connected in scries with a line. Vnritjus tyjws of 
resistance networks may be used as attenuators for matching dissimilar 
impedances. It is the purpose of this section to illustrate further analogies 
between electrical, mechanical and acotistical systems having similar trnns> 
mission characteristics. 

B. Inductanet in Shunt with a Line and the Mechanical and /icoustical 
Rquioaients. — In Fig. ASA nn inductance is shunted acrosH n line. If 
the impedance of the inductance is small comparetl ti> the input anti «>iit- 
put impedances, the transmission will be small. If the inqxHlance of the 
inductance is large comparetl to the input nml output im|>etlnncea, the 
attenuation introduced by the inductance will Ixj negligible. Since the 
impedance of an inductance is proportional to the fretjuency, the current 
transmission will increase with frequency ns shown by the chnrnoteristic 

of Fig. 4.SD. 

When the mass reactance in the mechanical system of Mg. 4.5/? is small 
compared to the load impedance or driving im}xxlance, the mass will move 
and there will be very little velocity (motion) transmittetl to the lonil. If 
the mass reactance is comparatively large, the mass will remain station- 
ary and the behavior will be practically the same ns a directly cmiplcd 
system. Since the impedance of a mass is projxirtiunnl to the freiiuency. 
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the velocity transmission will increase with frequency as shown by the 
characteristic of Eig. 4.5D. 

The acoustical system, Mg. 4.5C, consists of a pipe with a side branch 
forming on inertance. At low fi^uencies the reactance of the inertance 
is small compoml to the impedance of the pipe and the sound is shunted 
out through the hole. At high frequencies the reactance of the inertance 
is high compared to the impedance of the pipe and the sound wave flows 




P 

nupDME CHMucmvncA 


Fi<i>4.5. A lincihunted bv the (bllowingi an inductance, E a capacitance, /an imluc- 
hitioe atui ft capacitance in ierica, M an imLuctancc and a cn|iacitance In paraUel* The 
mechanical ci|uivalenta arc ihown In h\ J and N. 'I*hc aonuatical eciuivalenta are ihown 
in G', K ami 0. llic tranaminjon-frcqucncy characbcriacjon am ihown in /), //, L and P, 


down the pipe the same ns it would in the absence of a branch. Since 
the impedance of nn inertance is proportional to the frequency, the volume 
current transmission will increase with frc(]ucncy os shown by the charac- 
teristic of Fig. 4.5/J. 

C. Capacitance in Shunt with a fjne and the Mechanical and Acoustical 
Kquioalents. — In Mg. 4.5/? a capacitance is shunted across a line. The 
reactance of a capacitance is inversely projxirtiunnl to the frequency. 
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Therefore, the current tranamisaion will decrease with increase in fre- 
quency as shown by the characteristic of Fig. 4.Sf/. 

The reactance of the compliance of the mechanical system, Fig. 4.SF, 
is inversely proportional to the frequency. Therefore, at low frequencies 
the compliance will remain comparatively stationary and the behavior 
mil be ^e same as a directly coupled system. At high frequencies the 
velocity (motion) of the compliance will be the same as the input velocity 
and there will be very little v^ocity transmittsd to the load. The velocity 
transmission characteristic of this system is shown in Fig. 4.5/f. 

The acoustic system, Fig. 4.5G, consists, of a pipe with an enlarged por- 
tion forming an acoustic capacitance. At low frequencies the reactance 
of the acoustic capacitance is large compared to the impedance of the pipe 
and the sound Hows down the pipe the same as it would in the absence of 
the enlaigement. At high frequencies the reactance of the acoustic capaci- 
tance is small compared to the impedance of the pipe and the sound is 
shunted out by the enlargement. Since the reactance is inversely propor- 
tional to the frequency, the volume current transmission will decrease with 
frequency os shown by the characteristic of Fig. 4.5//. 

D. IndueUmee and Capaeitanee in Series^ in Shunt with a Line and the 
Mechanical and Acoustical Equivalents. — Figure 4.5/ shows an inductance 
and capacitance connected in aeries across a line. The mechanical and 
acoustical equivalents are shown in Figs. 4.5/ and 4.5/C. At low frequen- 
cies the three systems behave the same as Figs. 4.5E, 4.5/* and 4.5G anti 
there is very little attenuation. At high frequencies the systems behave 
the same as Figs. 4.5.</, 4.5S and 4.5C and there is very little attenuation. 
At the resonant frequency of the inductance and the capacitance the im- 
pedance is zero. Therefore, there is no current transmission at this fre- 
quency. At the resonant frequency of the mass and compliance, Fig.4.5 /> 
there is no velocity transmitted because the im]}edance of the resonant 
system is zero. At the resonant frequency of the Helmholtz resonator 
forming the branch of the pipe line in the acoustical system of Fig. 4.5/C, 
there is no volume' current transmission because the “ incident ” volume 
current " pumps in and out ” of the resonator. The transmission char- 
acteristics of the three systems of Figs. 4.5/, 4.5/ and 4.5/C are shown in 
Fig. 4.5/. 

E. Inductance and Capacitance in Parallel^ in Shunt with a Line and the 
Mechanical and Acoustical Equivalents, — Figure 4.5// shows an induc- 
tance and capadtance connected in parallel across a line. The mechanical 
and acoustical equivalents ore shown in Figs. 4.5^ and 4.50. At low fre- 
quendes the systems behave the same as Figs. 4.5//, 4.52 and 4.5C and 
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the trAnemisaion ia amall. At high frequencies the syatema behave the 
aame as Figs. 4.5E| i.5F and 4,SG and . the transmission is again small. 
At the resonant Inquency of the inductance and capacitance the imped- 
ance is infinite. Therefore, the shunt circuit introduces no attenuation 
at this fitM]uency. At the resonant frequency of the moss and compliance 
of Fig, 4.SN the input to the spring does not move. Therefore, the sys- 
tem transmits the same as a directly coupled system. At the resonant 
frequency of the Helmholtz resonator, Fig. 4.50, there is no volume cur- 
rent flowing into the resonator from the line because the input acoustic 
impedance is infinite. Therefore, the sound is transmitted down the pipe 
the same as in the absence of the resonator. The transmission charac- 
teristic of the three systems of Figs. 4.5Af, and 4.50 is shown in 
Fig. 4,SP. 

F. Indwtanee in Serits inith a Line and the Mechanical and Acoustical 
Equivalents. — In Fig. 4.6^^ on inductance is connected in series with a 
line. If the impedance of the inductance is small compared to the input 
and^output impedances the attenuation intrtxluced by the inductance will 
be small. If the impedance of the inductance is large compared to the 
input and output impedances the current transmission will be small. Since 
the impedance of an inductance is pnijwrtional to the frequency the trans- 
mission will decrease with frequency as shown in Fig, 4.6D, 

In the mechanical system of Mg. 4.6 A, if the mass reactance is small 
compared to the load or driving impedance, the ruldition of the mass will 
cause very little reduction in the velocity transmitted to the load. If the 
moss reactance is comparatively large the mass will remain practically 
stationary and the velocity transmitteil to the loatl will be small. Since 
the mechanical im{)cilnnce of a mass is pro|Hirtional to the frequency, the 
vehxrity transmission will decrease with fret^uency os shown by the char- 
acteristic of Mg. 4.6/). 

Tlie acoustical system of Fig. 4.66' amsists of a pipe with a constriction 
which forms on inertnnee M. At low fretiiiencies the reactance of the 
inertance is small compared to the im{^lnnce of the pi|ic and the inertnnee 
introduces very little attenuation. At high frc(]ucncie8 where the react- 
ance of the inertnnee lieanucs large compared to the impedance of the 
pl}x:, the volume current transmission through the inertnnee will be small. 
Since the acoustic im|)cdancu of nn inertnnee is projxirtional to the fre- 
quency, the volume current transmission will decrease with fretpiency ns 
shown by the characteristic of lug. 4.6D. 

G. Capacitance in Series with a Line and the Mechanical and Acoustical 
Equivalents, — In Fig. 4.6E a capacitance is connected in scries with a line. 
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reactance of a capacitance is invei’sely proportional to the frequency, 
refore, the current transmission will increase with increase in frequency 
lown in Fig. 4.5/f. 

he impedance of the compliance of the mechanical system of Fig. 4.6F 
venely proportional to the fioquency. Therefore, at low frequencies 
compliance will remain comparatively stationary and there will be 
' little velocity transmission. At high frequencies the motion of the 



4.6. A Gne b Mtl« wtdi the iplbwlngi A ui inductuKo. R a Mpadtanoe. I no 
luetanee and ■ capadtanoe in Mtiet. ik on inductance and a eapocttaoce in parallel, 
w nteehanicfil equivalent! are ahown in A, J and N. llw aoouadcal equivalent! are 
own in C, C, K and 0. Hie tnnamlMk>n<lt^iieiicy characteriatica ore ahown in D, //, 
and P. 

ipliance corresponds to the input velocity. Therefore, the velocity 
ismission characteristic will be shown in Fig. 4.6//. 

Iiere is no simple acoustical system which is equivalent to an electrical 
ocitance in series with a line. The equivalent shown in lug. 6G con- 
9 of a stiffness controlled diaphragm, that is, the mass of the diaphragm 
nail and the stiffness of the suspension high so that the frequency range 
ier consideration is well below the natural resonant frequency of the 
phragm and suspension. The acoustic capacitance of this system is 
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the mechanical compliance multiplied by the square of the area of the dia- 
phragm. It will be seen that this system will not transmit a steady flow 
of n gas in the same way that the electrical circuit of Fig. 4.££ will not 
transmit direct current. Since the reactance of an acoustic capacitance 
is inversely pnipurtionai to the frequency, the volume current transmission 
will increase with increase of the frequency os shown by the characteristic 
of Fig. 4.6//. 

H. Indnehutee and CapafUance in Stfiety in Serifs with » Idne send ih* 
Mechanical and Acoustical Equioalents. Figure 4,61 shows an inductance 
and capacitance connected in series in a line. The mechanical and acous- 
tical equivalents ore shown in Fig$. 4.6/ and 4.6/C. At low frequencies 
the three systems behave the same ns Figs. 4.6£, 4.6F end 4.6G and the 
transmission is small. At high frequencies the systems behave the same 
as Figs. 4.6Ay 4.6B and 4.6C and the transmission is small. At the res- 
onant frequency of the inductance and capacitance the impedance is aero. 
Therefore, the attenuation is zero at this fi^uency. At the resonant 
frequency of the mass and compliance. Fig. 4.6 /, there is no attenuation 
because the im|)edance present^ by the mass and compliance is zero. 
At the resonant frequency of the inertance and acoustic capacitance. Fig. 
4.6/C, the impedance of this system is zero and there is no attenuation, 
'llm transmission characteristics of the three systems of Figs. 4,6/, 4.6/ 
and 4.6/C are shown in IHg. 4.6/. 

I. Inductance and Capacitance in Parallcly in Series with a Une and the 
Mechanical and Acoustical Equivalents. — Figure 4.6M shows an induc- 
tance and capacitance in parallel connected in series with a line. The 
mechanical and acoustical equivalents are shown in Figs. 4.6iV and 4.60. 
At low frequencies the systems lieliave the same as Figs. 4.6//, 4.6J9.and 
4.60 and the attenuation is small. At the high frequencies the systems be- 
have the same os Figs. 4.6£, 4.6F and 4.60 and the attenuation is small. 
At the resonant frequency ol the inductance and capacitance. Fig, 4.6//, 
the impedance is infinite and there is no current transmission. At the 
resonant fnjt|iiency of the mass and compliance of Fig. 4.6/V the Input to 
the spring does not move and there is no velocity transmission. At the 
resonant frequency of the inertance and acoustic capacitance the vol- 
ume current “ pumps ” around this circuit and there is no volume cur- 
rent transmission, 'fhe transmission characteristics of the three systems 
of logs. 4.6//, A.6N and 4.6P ore shown in Fig. 4.6L. 

J. Resistance in Series with a Line and the Mechanical and Acoustical 
Equivalents. — Figure 4.7 A shows a resistance in series with a line. The 
attenuntion will be greater as the resistance is made loiKer. In the same 
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wB.y the EttetiuatioD in the mechoniciil system of hig- 4i7fl will be grentcr 
as the sliding resistance U made larger. The nctnistical aystcni of iMg. 4.7G 
shows a pipe line with a system of slits in series with the line. 'ITie sUtJi 
form an acoustic nanstance. See Sec. 5.4. 'I’he ntteniiation in this ay«- 
tera will increase as the acoustic resistance is niacic larger. 
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Fm. 4.7. A—’m. ekctricil raltunce in aeriet with a line. Itic mcchanicnl and acnunticul 
equivalent* ate ibown in £ ami C. D an electrical rcoMtano: in ahunt with a line. *1 ‘lie 
mechanical and electrical equivalenia are ahown in £ and F. A ” T ” and " r ” elecTriirid 
reiutaaoe network are ala^ in G and J, The mechanical and ucuuarical equivnluiita 
are ahown ]aH, I, K and L 

K. Risistanct in Shunt with a Lane and the Mechanical and Aconstictef 
Equivalents. — Figure A.IE shows a resistance in shunt with a line. 'Pile 
attenuation in this cose will be greater ss the resistance is mmle smaller. 
In the same way the attenuation in the mechanical system of h'ig. 4.7 /i:* 
will be greater as the sliding resistance is made smaller. Tn the acousticdl 
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Hvsrt'ni, 4.7F| tlu* nttciuiacinn will iiicrutiHc Oii the aIiuiu ncoiistic re» 

itistuiuv iH iiiailv .Hiniillcr. 

"‘I’” Ty/ti' RtshUtHCi' Nt'iyjitrk umi the Meehatueai and /Icouflitai 
uili-nts.' 'I’lu' tisr of " T *’ resistive iietwi^rks in eleetricul circuits for 
intriMlui'inft iiiicnuaiion wiilnuit rcilcctions or for matching two dissimilnr 
im|HtlHiu'cH is well known. I''i^urc 4.7fi show.s n T ” type electrical net- 
work mill till’ imvliiiniciil ninl ncouHticnl ci|uiviilcnrH are .shown in Figa. 4.7/A 

.-iinl 4.7/. 

.M. " IT ” Type Rvshtnncc Nehwt'ks ond the Meclmmenl and /teotuTtcal 

h.^uhitlent f , 'I'hr " r ” ly|H* of nriwnrk may lx.* ii.sctl for the same pur- 

ihisc us I he " r ” iiciwork of the prtveiiing Mvticin. h'igure 4.7/ shows a 
type rlivirical netwttrk niul the iiKThimical niiit acou.sticnl et|uiva- 
lenrsare shown in logs. 4.7 A' iititl 4.7/.. 

4.10. Wave Filtoro. A. I Hiroduciiuti. ’I'hc essential function of a 
w.*tve tiller is in lei pass ilesired l'n'i|ueiu'y hamls and to highly attenuate 
iteighlsiring iimlesiretl li'isiueiiey leintls. Wave lUters may lie either elec- 
irieal, iiieehaiiii id nr aiousiical. I'.leeirie wave fdters were invented hy 
C‘ainplii41 ' and have ininiineralde uses in electrical ciiviiits. Acoustic 
wave tillers wi-n' iitveiiied hy Siewari ' and have Ixvn used extensively. 
Mechanti at tillers have lieen einpInyiHl in all ly|x^ of mechanisms for many 
l eiiiiiries. Anttisiit al aiul inn hanical wave tillers are Ix'diming very im- 
iMiriant tor use in imiM' ri‘diiciion and conirol of vihration in all types of 
niiitliinci'v aiiil appliances. Ii is ilie piirpuM* of iliis .section to illustrate 
and ilevTilK' ilie liilfereni tyjHvs ol elecirtcal, nuvhanical and aeoiiatical 
wave lilii'i'i. 

Ii. 7'v/»<m fi/ h'Hti'r.%. 'riie rniponse lin|ncm y clinracteristicH of 

wave tillers are wiilelv tlillereni. ‘Hie more lrei|ucntly uaeil types arc 
de'.igitalnl a.s fnlhiws: 

I.IUV Pass Wave lollers 
llildi I *a>is \S’ave Idller.s 
Hand r.nss Wave ImIuth 
llaiitl I'.liiiiinaiioii Wave loiters 

A !«*w pas', w.nve tiller i-. a system which passes currents, vcl(K*itlca or 
vnhiiiie dirrciiis of all iVnpieiu ii-s fniiii wni up to a ctrrtain frcijiiency 
lermnl I he ctiinlV fi nnieiu y / and which bars nirnmts, vehiciiics or volume 
IIIMTIII'. Ilf all Idilher fmiui’itcies. 

A liigli p.e.'. wave tiller i;i a sysiem wliii li ]«is!u-s ciirrcnls, veloeilics or 

* ( .tiitiiliell, li. A., Ill'll .'’ri/cm li'th. hiUf,, \iil. 1. ^o. 1*^22. 

*Stewjll, li. w,, I'hyi. AVr., \'iil. Nil. 0 , 1 ». I'l’,.. 
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volume currents of all frequencies from infinity down to a certain frequency 
termed the cutoff frequency and which bars currents, velocities or vol- 
ume currents of all lower frequencies. 

A band pass filter is a system which passes currents, velocities or volume 
currents that lie between two cutoff frequencies /•! and and ban cur- 
rents, velocities and volume currents of all frequencie.s outside this range. 

A band elimination filter is a system which bars currents, velocities or 
volume currents that lie between the two cutoff fret]uencie8 /ri and/ii and 
passes currents, velocities or volume currents of all frequencies outside 
this range. Ihe transmission characteristics of low pass, high pass, band 
pass and band elimination filters are shown in lug. 4.8. 



Fio. 4.8. Tnuumunkm-frequency chtrecterlitica of low pau, high paia, Imnd ptsa iind 

baod dlmlnation wave filtcn. 


C. Response Frequency Characteristics of Wane Filters *'*^ — ^'he ideal 
or nondissipative filters must consist entirely of pure rencrance.s. The 
primary object is the determination of those combinations of rcnctancua 
which will give a single or double transmitted bnnti of frcijiicncies. 'J’lie 
most important type of structure is the ladder ty|)c, that i.*!, a certain com- 
bination of reactances in series with the line and another combination in 
shunt with the line. The series reactance and shunt reactance arc desig- 
nated by Zi and 2 g respectively. It has Ixsen shown in treatises on wave 
filters that attenuation occurs when zi/za Is }X)siHve and if zi/zi is nega- 
tive and is greater in absolute magnitude than four. Nonattenuation 
occurs when xi/zt is negative and is leas in aksolute magnitude than fiiiir. 
Therefore, a nondissipative recurrent structure {»f the ladder ty|Tc having 
scries impedances zj and shunt impedances will pass readily only cur- 
rents of such frequencies as will make the ratio zi/z, lie Ixitween t) nnd — 4, 

D. £/tw Pass Waoe Filters. — Hllectrical, mechanical ami acoustical low 
pass filters are shown in Fig. 4.9. 

*John^, “Transmission Greuits for Telephonic Gjmmunication,” p. UMI 
D. Vnti Nostrand Co., New York. 

* Shea, *' TrinaniiBsion Networks and W.ivc I'llrers/* D. Van Nostrand Cu.. 
New York. * ^ 
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impedance of the seriea arm in the three systems is 

2^1 ™ jaL 

Sj/i “ jmm 
2 ax " juM 


impedance of the shunt arm in the three systems is 


1 


Zjfi 

juCa 


1 

Zjn 

iuCjf 


1 

^1 

jiaCi 


■1 limiting frequencies are given by 


“ 0 and — — — 4 

Zt Zt 



4.60 

4.61 

4.62 







lo. <4.*?. 


Low pan wave filten. (Courtctiy of 'I1 h Ulakiaton Conipmr fmm Olmi uid 

Momui, " Applied Aoouitici.") 


I^rom the constants of the systems. 


ZgM 

S|Jf 

2ur 

ZiA 

Zu 

ZlH 

ZtH 

Z\u 

Zftf 

Silt 

Zu 


- [jCsu* - 0, 

when <>»( 

- 0 

— utCu»* “ 0, 

when 

-0 

- - 0, 

when u. 

-0 

- Lew - - 4, 

when «da 

2 

Vlc, 

— M/Ci/tt,* ■ — 4, 

when Uii 

2 


— MCau»* “ — 4, 

when Ue 

2 

VMCa 


4.66 

4.67 

4.68 
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E!quntiooa 4.66, 4.67, 4.68, 4.69, 4.70 and 4.71 show that the systems of 
Fig. 4.9 are low pass filters transmitting currents, velocities or volume 
enrrents of ail frequencies lying between 0 and the cutt^ frequency /• 
where /, — u./2ir. 

E. Hi^h Pan Wave Filters. — Electrical, mechanical and acoustical high 
pass wave filters are shown in Fig. 4.10. 

The impedance of the series arm in the three systems 


1 



4.72 

1 

J(0Ce2f 

4.73 


4.74 


Si 



Flo. 4.10. High pm wave filters. (Courtesy of The Blnkiston Cnmnsny frotn Olson end 

Misn, " Applied Acoustics.”) 

The impedance of the shunt arm in the three systems is 


2xt = jwL 

4,75 

2.\n “ jtem 

4.76 

S.Hi “ Jvid 

4.77 


The limiting frequencies are given by 

— “ 0 and — — — 4 

Zl S| 

From the constants of the system. 



1 



Um 


when Me = 00 

4.78 

2iif 

1 




mCuOt* ’ 

when (■)« = 00 

4.79 
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ssu. 

nil 

2u 

Zitf 

Ztu 

ZiA 

ZlA 


“ LCW “ ”1“" " 2 vTIc; 

TT — : “ “ 4, when cd# " - — 7 == 

mCuUt* 2 -s/mCu 

— — ■. " — 4, when Ua ■> ;; — >--■=■ 



4.81 

4.82 



Equations 4.78, 4.79, 4.80, 4.81, 4.82 nnd 4.83 show the systems of 
Fig. 4.10 are high pnss wave filters transmitting cunvnts, velocities or 
volume currents of all frequencies lying between the cutoff frequency /• 
where/* u«/2v, and infinity. 

F. Bmd Pass fPave Fiiters, — Electrical, mechanical and acoustical 
band pass wave filters are shown in Fig. 4.11, 



CUETfVCM. WEOiAMCM. MOIMTICAL 


Fia. 4.1 1. Bniul pnv wsve filter*. 


'rhe impedance of the series arm in the three systems is 


The impedance of the shunt arm in the three systems is 


2X1 


2i/i 


2.41 


2tfi 

“ /«/.! 

4.84 

2jUi 

“ /u»;] 

4.85 

2/11 

* jbiM \ 

4.86 

arm 

in the three systems is 




4.87 

“ T 



/uWj 

4.88 

“ T 


” I 

- (J^CaMi 

4.89 
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The limiting frequencies are given by 

— “ 0 and — “ — 4, 

Xl Z| 

Applying these relations it can be shown that the systems of Fig. 4. 1 1 
are fa^d pass filters transmitting currents) velocities or volume currents 
of all frequencies lying between two cutoff frequencies /ei and /d. 

G. Sand Eiimination Wave Fibers. — Electrical) mechanical and acous- 
tical band elimination wave filters are shown in Fig. 4. L2. 



Fm. 4.12. Bind eliminatinn wivo filtera. 


Hie impedance of the series arm in the three systems is 

ji»L\ 






z^i 


1 “ u*CjriZii 

jum\ 

1 “ <if(j I 

JtaM 

1 - M 


i 


4S)0 

4.91 

4.92 


For a description of the acoustic capacitance cai see Sec. 4.9G 
rhe impedance of the shunt arm in the three systems is 



J 

(eCgt 

4.93 

Zjfi “ - 

m 

J 

4.94 

■■ JaM% - 

■ 

.. J 
wCai 

4.95 

The limiting frequencies are given by 






0 and 
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Applying these relations it can be shown that the systems of Fig. 4.12 
are band elimination filters transmitting cmrentsi vdocities or volume 
currents of all frequencies between zero and the cutoff frequency /d and 
between the cutoff frequency /d and infinity. 

Ill Summaiy of Eloctilcal, Mechanical and Acouaticil Analogies. 
- A laige number of quivalent electrical^ mechanical and acoustical sys- 
tems have been discussed in this chapter. The analogies between the 
elements in the three systems are obtained by a comparison of the coeffi- 
cients occurring in the differential quations of the forced osciOations in 
the three systems. For every symbol used m the electrical system there 
is a corresponding symbol in the quations for the mechanical or acoustical 
system. Furthermore, the corresponding symbol for each of the systems 
appears in exactly the some place in oil the cotresponditig quations of 
the three systems, lliis is the essence of the electrical quivalent of a 
mechanical or acoustical system. 

Table 4.1 lists the quantities, units, symbols and dimensions of the 
analogous quantities in the electrical, mechanical and acoustical systems. 

llirec fundamental dimensions ore necessary to form a complete m^ 
chanical dimension system. Table 4.1 uses mass M, length L and time 
T. In the cose of the electrical units dielectric constants and permeability 

are assumed to be dimensionless. 





CHAPTER V 

ACOUSnCAl ELBMSNTS 

1 

6.1. Introduction. The preceding chapter is devoted to nnalogiea be- 
tween electrical} mechanical and acoustical systems. Hie purpose of draw- 
ing these analogies is to facilitate the solution of problems in mechanical 
and acoustical vibrating systems by converting these problems into the 
corresponding electrical equivalents and solving the resultant electrical 
circuits by conventional electrical circuit theory. An electrical circuit is 
composed of electrical elements. In the some way the acoustical system 
is composed of acoustical elements. The type of elements, that is, resis- 
tance, inertonce or capacitance, will depend upon the characteristic man- 
ner in which the medium behaves for different sources of sound and in the 
diflerent ways of confining the medium. It is the purpose of this chapter 
to consider acoustic elements and combination of elements. 

6.2, Acoustic Resistaace. Acoustic resistance may be obtained by forc- 
ing air through a small hole, 'fhe resistance is due to viscosity which may 
be considered as friction between adjacent layers of air. In the oi^inary 
transmission of sound in n latge tulie the motion of nil the particles in a 
plane normal to the axis is the some, therefore the frictional losses are. 
small. When sound travels in n small tulie the particle velocity varies 
from 'Zero at the boundary to a maximum nt the center. 'Hie same is true 
when a steady stream of air is forced through a small hole or tube, the 
velocity of adjacent layers varies from 'zero at the boundary to a maximum 
at the center. Tlie smaller the hole the higher will be the resistance lie- 
cause of the greater efiect of the sides. 

A small tube also has inertance. I'hcreforc, the reactive component 
increases with frequency. 'I’he moss reactance increases os the si'/c of the 
hole decreases ns does the resistance, bu t nt a slower rote. 'J lierefore, the 
moss reactance may lie made negligible compared to the resistance if the 
hole is made sufficiently small. 

Acoustic resistance employing viscosity may lie made in various forms 
ns, for example, a large numlicr of small holes or a large niimlicr of slits. 
The acoustic impedance of fine holes and slits will lie comtklcrctl in the 
next two sections. 
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0.8. Acoustic Impedance of a Tube of Small Diameter. — 'fhe trans- 
mission of sound wnves nr direct currents of air in n small tiilie is influenced 
by resiatance due to viscosity. The diameter is assumed to lx; small com- 
pared to the length so that the end coirection may be neglected. The 
length is assumed to be small compared to the wavelength, 'i'he diameter 
is assumed to be small compared to the length. 

The acoustic impedance of a small diameter tube '**'* is given by 

/ /8#« ^ 4 . 

where R * radius of the tube, in centimeters, 

H viscosity coefficient, 1.86 X I0~^ for air 
M frequency, io cycles per second, 

/ ■■ length of the tube, in centimeters, and 
p ■■ density, in grams per cubic centimeter. 

The eflfect of viscosity is to introduce resistance in the form of dissips' 
tion as well os to add to the reactance. 

The resistance of a single hole is ordinarily much tcxi high. The desired 
' resistance may be obtained by using a sufficient number of holes. 

Silk cloth provides a simple means of obtaining acoustic resistance of 
this type. It bos been used in microphones and telephone receivers for 
many years. I'he ratio of the resistance to the reactance is governed by 
the size of the holes. 'Fhe amount of resistance may be contmlled by the 
number of layers and the area. 

0.4. Acoustic Impedance of a Narrow SUt — A narrow slit acts in a 

manner quite similar to the narrow tulte. 'I'he length is assumed to be 
small compared to the wavelength. The thickness is assumed to be small 
compared to the length. 

The acoustic impedance of a narrow slit *’*’* is given by 

I2pw .6pw» .. 

“ In 

where n *■ viscosity coefficient, 1,86 X 10^ for air, 
p density, in grams per cubic centimeter, 

‘ Cmndsit, *' Vi bra dn^y stems and Soun^” D. Van Nostmnd G)., New York. 

* Lamb^ " Dmamicfll Theory of Sound," E. Arnold, Lmdon. 

* Kaylctgh, "'Uicury of Sound," Macmillan end Co., Ijondon, 

* Crandall, " Vibrattn^ Systems and Sound,” IX Van NostmntI Q>., New York. 
■ Lamb| " Dynamical Hieory of Sound,” E. Arnold, lAndon. 

* Rayleigh, "Theory of Sound,” Mncmlllon and Co., London. 




ACX)USnC CAPACITANCE 


79 


d » thickness of the slit normal to the direction of flow^ in cend- 
meterS) 

/ « width of the slit normal to the direction of floW} in cendmetersj 
to n length of the slit in the direcrion of the flow, in cendmettn, 

a *■ ond 

/ ■> frequency) in cycles per second. 

In equation 5.2 the resistance varies inversely as- the cube of d and the 
inertance inversely ns d. llierefore, practically any rado of inertance to 
resistance may be obtained. The magnitude may be obtained by a suit- 
able choice of w and /. A slit type of resistance may be formed by using a 
pile of washers spaced by small shims. Another form consists of a spiral 
of tape with adjacent turns very close together. The former may be used 
08 a shunt resistance in a line and the latter as a aeries resistance. See 
Sec. 4.9. 

6.0. Inertiuice. — Inertance is defined as 



mass 



where S « area, in square cendmeters, over which the driving pressure 

acts to drive the mass, in grams. 

The impedance of various types of systems will be considered in Secs. 5.7, 
5.8 and 5.9. The imaginary part of these expressions is due to the inertance 
of the systems. 

For closed systems the resistance term of Secs. 5.7, 5.8 and 5.9 
should be omitted liecause there is no radiation. In this case the entire 
impedance is jxisitive reactance. The reactance term of equations 5.1 
and 5,2 is due to inertance. 

6.6. Acousdo Capacitance. — I'he most common type of acoustic capaci- 
tance used in acoustic systems consists of n cavity or volume with rigid 
boundaries. 'I'he linear dimensions of the enclosure are assumed to be 
small compared to the wavelength. 

From equadon 1.21 the sound pressure is 

p =» p^s 5,4 

where p ■■ density of air, 

C velocity of sound, and 
j condensation. 

Hie condensation, from Sec. 1.3D, is 
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where dV is the change In the original volume V, 

dV ~ Sx^X 



where x displacement, in centimctera, over the area in square cen- 
timeters, and 

X ■■ volume displacement, in cubic centimeters. 

From equations 5.4, 5.5 and 5.6 


X^V_ 

P ^ 



The ratio Xfp is termed the acoustic capacitance by definition. 
Sec. 4.4C. Therefore the acoustic capacitance of a volume is 





The next consideration will be an acoustic capacitance combined with 
an acoustic resistance. The acoustic impedance of a cavity in which 
the boundaries or a portion of the boundary is terminated in an acoustic 
resistance is 



Ta 

1 +y<w*aC4 



where ra » acoustic resistance of the boundary, 

Ca ■■ acoustic capacitance of the volume, in cubic centimeters per 

second, 

CO ■> 2ir/, and 

/ “ frequency, in cycles per second. 


6.7. Resistive and Reactive Load upon a Vibrating Piston ^ — 
Tlie mechanical impedance of the air load upon one side of a vibrating pis- 
ton set in an infinite baffle is 





{ 


J^R) 

kR 




5.10 

p 


where R ■■ radius of piston, in centimeters, 

p — density, in grams per cubic centimeter, 
c » velocity of sound, in centimeters per second, 

' Rayleigh, “ Tbeory of Sound,” Macnullan and Gj., London. 

• Crandall, " Vibraong Systems and Sound,” D. Van Nistrond Co., New York. 

* Stewart and Lindsay, ” Acoustics,” D, Van Nostrand Co., New York. 
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k = 2r/X, 

X " wavelength, in cen dmetera, 

« 2w/j and 

/ “ frequency, in cycles p)er second. 

/i and Ki may be found in trentUcs on Bessel functions. They 
are also defined by the series, 



The acoustic impedance of the air load upon one side of n vibrating pis* 
ton in an infinite baffle is 


The impedance per unit area of the piston is 

+ 5.13 


Hie redstive and reactive comiioncnts of the air iond |>er unit nrea on one 
side of a vibrating piston set in an infinite bafHe is shown in Fig. 5.1. Tliese 
characteristics arc useful in determining the radiation resistance and re* 
active component of the air load on the cone in a direct radiator loud 
speaker. It is also customary to use these characteristics for the imped- 
ance at the mouth of a finite hum in computing the throat inqiedanoe. 

6.8. Resistive and Reactive Load Upon a Pnlsating Sphere. — Tie pul- 
sating sphere is a sphere whose radius increases and decreases with time. 
Tie motion of the air around the sphere will, like the motion of the sphere 
itself, take place only in radial directors and will have the same velocity in 
all directions, Init will depend u{)on the <listance from the center of the 
sphere. 

'I'he mechanical inqietlancc of a pulsating sphere is 


tu " 4ir/?*pc 


+y*/g \ 

V I + (*/e)» / 



“Watson, "Theory of Bessel Functions,” Cambridge Press, London. 
*’ Jahnkc aiul luiulv, "Tallies uf Punctiun," Teubner, Berlin, 
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Fto. 5.1. The Riudve r, uid necdva x, compofwntB of the air kwd per anit ana of che 
following nufiaton: 1. piiton of radial A act in an Infinite baffle; 2. a pulaatina sphere of 
radhu ii; 3. an oadllatiiig aphere of radiua R. Notei the endinato scale of the chamc. 
teriatka labeled 3 must be muldpUed by one-third. See Sec. 5.9, 


where R " radius of the sphere, in centimeters, 

p — density, in grams per cubic centimeter, 

k " 2i-/X, 

X "• wavelength, in centimeters, and 
c * velocity of sound, in centimeters per second. 

The acoustic impedance of the air load upon a pulsating aphere is 

pc ( ikRy+JikR)\ 

* " 4tR*\ 1 + {kR)* ) 


5.15 


UKsis'nvi'. AN'f) Kr.Ac'irvr; aik I4)AI) 



I lu' itiiiM'iiiiiirr iht iinil iUi':i is 


/iXA'I" I /kli\ 

V I i Uk'f ) 


5.16 


II 


't Iti' ri’Kisiivi' iiml n-ai iivi' t'liiniDiiii'nis iijtitti iliruir Inti'.i |kt unit iirvMt of 
4 t |Mi|!iaiin^> K|»lu-rr is sliuivn in 5.1. U will In* iiiiilcni tliiit rhc liitiil 
I It Ml a iHilsiiiin^; siOirri' ih prai iically ilir Naim* iia that iit’a vilmiring |11M^Nt• 

0 . 0 . Kesistlvu and Ronctivo Air Land upon nil Oscillating Spliero. An 

'illating spliri'i* is ii Mplirn' wlnna* railiiiN rt'itiiiina I'lHiNianl' while tlio 
vi tlirh* rxi-i'iiii's a iiiiivi-mrMt t»l iraiisluliiin as a iiiiirlitni tit llir tiiiiv. ‘['lie 
It K't'hanit'ul iiiipnlaiwi* nl' ilu* air Inatl an tiscilliiling hiiIii'Ix* is 


a 


W 


lii'i'c A* 


'UAV/*'A" I hlkk \ 

■\ I *'A" / 

radius <t| tin* sphcri*, in I'riiiiiiirh’ra, 
di'iisiiv, ill uniiiis lie'' I'lihii ceniiiiii'ii'r, 


S.iriA 


k 


X 


X 


H-.ivrlrii|'tli, in tviif iiiH'lcrK, and 

vrim iiv III siiiiiid, ill ri'iiliniriri'!! prr Mi'Cimd. 


['In* ai'iaisiii iiiiprdaiK r ul the ail load ti|uiii an nsrillaiiiif]' HphiTr is 


pa 


I 


/-• / 

.'.r. A" V 


j|‘A’^ t ./(J*A* \ 

•I I i'A" / 


5.iriM 


I 'III* iiiiprdaiiir pi'f unit area i>l an ••si'illaiiiiit spliriv is 

t'A’* I nlkk I *^A'M\ 



! f t 'A'* 
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'I'lii' avri'ain* I'l'.iiiivr aiitl irMstivr riniipoiiciif ‘i iil ilii- air liniil ii|mn an 

« i*.i dl.iimi; ‘.plicti- i-. Nlinu'ii ill hn^ 5 . 1 . I'ln* load on an oHrillaiin^ Kphrrr 

I itiii iinitoiiii. Ill itrdiT !«• I itiiipait' ill*' railiation < ]iarai'irrisiii‘!i with 
r .1 pt'.loii aiiil a ptil'ialiii)^ '.plnTt', lli** iilliinair rriiislaiirr has Ins'li 

rit.idr itir ■.aiiir. I (owi-vi-r. lln’ avfr:i|;i- iiii|>i'd.int <- prr iiiiil iirra nl'a vihrnl - 
1 1 1 1; splirif I'. Mill- third that ol i harai irri'.ii« s •.hown in Ki^;. 5 , 1 . 

Tlir o'.i ilI.ilitM« sjiht'i'r r. an aiou-.tii douhlrt. Srr ,Sri . Thri'T' 

I* If I*, tin* li'M'.i.iia r i iiiii|Njiiriil is pro|Hiri lonal to lln* loiirtli |Hiwrr iil' ihr 
I I t'lpiriii V h'Ih'ii till' diiiu'iiMons arr sinatl roiiipai't'd to llir \vavrh'li|pli. 
I hi ■ 1IM ill.iriiif* snlirrr rrprrsi'iMs llir ilirri 1 riitliafiir liiu*! s|MMkrr wilhmif 

till (Hr « 
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B.10. Impadance of a drcolar Orifice in a Wall of Inftnltealinal Thick*< 
nen. — The impedance of a circular orifice in a wall of infinircaininl thick- 
neaa mav be conaidered to be the same na that of the air loail uiion n pintcm 
of infinitesimal thickness and ‘zero mass set in the u|K>ning, 'Phun tlic 
acoustic impedance of a circular aperture in a thin wall is {ibtained fmm 
equation 5.12 by multiplying by 2. 

6.11. Impedance of an Open Pipe with Large Flanges. — In this case 


it will be assumed: that the mouths ofthe pipe ore fitted with free! y nio vi ng 
fhasslesa pistons and that the length of the pipe is small compared to the 
wavelength. The impedance is the sum of the moss reactance of the air 
between the pistons and the impedance of the air luiul upon the pistons. 

The acoustic reactance of the column of air between the two pistons, 
from equation 5.3, is 



where p density of air, in grams per cubic centimeter, 

/ a length of the pipe, in centimeters, 

R “ radius of the pipe, in centimeters, 
a • 2^, and 

/ " frequency, in cycles per second. 

The acoustic impedance of the entire system is 





/fi i2kR) 



5.18 


6.12. Closed IHpe with a Flange. — The ini|)eduncc t»f n pi|x: closetl at 
OTc rad and equipped with a flange at the open end may l)e considuretl to 
be the sum of the impedance of the pipe and the end correction. It will 
be earned that the open end of the pipe is equipped with n massless piston. 
The acoustic input impedance at the piston “ of the above system is 



5.19 


where / = length of the pipe, in centimeters, 

R radius of the pipe, in centimeters, 

p - density, in grams ^ cubic centimeter, 

c " velocity of sound, in centimeters per second, 
i " 2 t/X, and 

X “ wavelength, in centimeters. 

“ Ol*. .Kl AppUed Aco>»lic..”P. BUld.tDn'. Son .nd Co, Pbilnddi.hi., 
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The above equation is the imp^ance of a closed pipe when there is no 
end correction as, for example^ when the pipe is used in a closed system. 

When the open end is free and terminated in a large baffle the total 
acoustic impedance is the sum of equations 5.12 and 5.19, 






Kx {UR) - > cot i/ 



The rntio of the pressure at the closed end of the tube to the free space 
pressure is useful in predicting the performance of pipes and cavities. 
'I'hc ratio of the pressure at the closed end to that in fitt space is 



where p » pressure at the closed end, and 

p% » pressure in free space Ta and Xa of equation 5.12. 



""■T 


l-’ML S.Z Rfltio of the prewure #t the bottom of » cyliiulric*! «vity to the free ipace ptewure 

in the inciiknt B»uml wavt. 


The fharactcrisrics of lug. 5.2 depict the ratio of the pressure at the 
t'losifl elul to tlmt in free space ns a function of the dimensions of the cavity 

a Mil the wavelength. 

6.13. Homs. — A htirn is an nctnwtic trnnstlncer consisting of a mbe of 
varying Bcctionnl area. Horns have been widely used for centuries for 
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iocreiuing the mdiadoii from a sound source. The principal virtue of n. 
horn resides in the possibility of presenting practically any value of acoustic 
impedance to the sound generator. This l^ture is extremely valuable for 
obtaining maximum overall efficiency in the design of an acoustic system. 
As, an example, in a horn loud speaker high efficiency is obtained by de- 
signing the system so that the driving force works against resistance in- 
stead of inertia of the diaphragm. Employing suitable combination of 
horns, directional characteristics which ore independent of frequency, as 
well os pracdcally any type of directional pattern, may be obtained. The 
combinadon of high efficiency and the possibility of any directional pattern 
makes the horn loud speaker particularly suitable for Iniger scale sound 
reproduction. It is the purpose of this section to consider some of the 
factors which Influence the characteristics of a horn. 

6.1A. P nnd a m cntal Horn Equation ^**n,iau|iTiiaiaa)^ Consider a tube 

with a certain rate of flare and with the diameter small compared to 

the wavelength of the ^nd passing through it. Let the axis of the tube 

coincide with the x axis. Take an element of volume of the tube de- 
fined as 


SAx 5.22 

where S - crossaectional area of the tube at and 
Ajf - length of the element of volume. 

The growth of matter in this volume is the difference lietwccn the influx 
and efflux of fluid through the faces and may be expressed ns 


dx 


5.23 


where u - component of the particle velocity along the axis, and 
p = density of the medium. 

The principle of continuity was expressed in Sec. \,X Applying the 
principle, the difference between the influx and efflux of the fluid into the 


McI! Vol. 5, p. 275, 1919. 

Go^ith and Minton, Proc, Inst. Vol. 12, p. 4^1 1924 

ddpiS “*■ BUkulon'. Si!; Phil. 
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element nf vitiumc tiuiHt Iw c(|tinl t<i tliv time rntc of growth of inan< 


ur 


— 4 


SiilMiiititiitg rt|u»(i(>nN 5.26 ami 5.27 in 5.25 the rcaultmny Itc written as 


J.V iTv iix^ 


5.28 


l''.i]iiftiii>n 5.2H in (lit; wn\*c (.‘tiiiutinii fur the nxini motion in a tulx: of 
varying NTrlifitli 

6.16. Inflnito Parabolic Horn 'I'ht* i>t|iiiui(>n exprcHning the errata- 

Hn-lionul uri'ii kh a funciion of the tli.<itniu'e along the nxin \h 


.V»v 


Tin* griirral Inini rqiiiiiioii for the imralMilie horn in 


5.29 


f " iUh 
X fj.v 


(1*^ 

ti.\^ 


- 0 


5.30 


The vehn'iiy jHiIrniiiil, prrsHiire mill vnlinm* vurrent are, 


'> ■ 


5.31 

/» 


5.32 

r 

./.v*i y«'(*.v) 1 

5. .1.1 


The mil iiml ininKiniiry nim|itiiirnrs of the iifoiiHtif ii)i|X.tiaiu'c at the 

mill Wnlir, y»uf. ./< rms. .Imer., V.il. I, .No. 3, p. 110, im 
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throat are 


rx 


pf 


It A - 


+ Ki*(***)I 

^Mkxtt)Ji{kxi) + yo(^)Ki(**b) 

^0 JiHlut*) + TiVit*) 


5.34 


5.35 


where /o, J\ ■> Bessel functions of the first kind of order zero and one, 
Yt, Yi "> Bessel functions ** of the second kind of order vjsvo and one, 
p " denvty of the medium, in grams per aibic centimeter, 
e "* velocity of sound, in centimeters, 

S% a area at Xoy in square centimeters, 

xt E3 distance of the throat from ^ 0, in centimeters, 

i * 2ff/X, and 

X wavelength, in centimeters. 

S.16. I nflni te Conical Horn. — The equation expressing the crtism 
sectional area as a function of the distance along the axis is, 

S ■ Svfi 5.3f» 


ttneral 


X dx 


dKj, 


5»17 


The velocity potential, pressure and volume current are 


^ ■■ — a^<' 
X 


5. .38 


j*ip^ 






U 


y1S(l + 

. ;(• 


5.40 


The real and imaginary components of the acoustic imped 
throat are 


rx 


Xx 


pC 

Jo i + W 

pr kxt 

-So 1 + 


5.41 


5.42 


Jahake and Emde, Tables of Functions,*’ Teubner, Berlin. 
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where St * area at in square centimeters, 

distance of throat from x »• 0, in cendmetersj 
k “ 2»/X, and 

X » wavelength, in cendmetera. 

6,17. Infinite Exponential Horn, — The equation expressing the cross- 
secdonal area as a fnncdon of the distance along the axis is 

S - St^ 5.43 

where St "• area at the throat, that is w » 0, and 
m " flaring constant. 

The general horn equadon for the exponenrial horn is 

-<*^-.0 5.44 

dx d:r 


The velocity potendal, pressure and volume current are 

^ «] ^ 

p “ ^ S "J«^ 






— j 




5.45 

5.46 

5.47 


The real and imaginary components of the acousdc impedance at the 
throat are 




pc m 



When 2jfc or Irf « me the acoustic resistance is xero. 'Phis is 
termed the cutoff frequency of the ex|x>nential horn. 

6.18. Throat Impedance Characteristics of i nfini te Parabolic Conical 
and Exponential Homs. — Krom the equations derived in Sees. 5.15, 5.16 
and 5.17 the impedance characterisdes of infinite horns may he computed. 
In order to compare the characteristics of the infinite parabolic, conical 
and exponential horns the throat area has licen choeen the same for the 
three horns (Fig. 5.3). In addition, the area at a distance of 100 cend- 
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metctB from tht throat hu been made the same for the three himu ni 
dichra in Fig. 5.3. The rwistanee and reactnnee charagteriatics h»r sli 

three borna uit abcfwn in Fig- 5-3- 



Fw* tlmt na ii finc a nod nflctanoe Xi of Infinite pRraholic, inmiral uml evi^niciiiid 
harm wving the Mine tbroet «* and the Mme cron ucctiun at u dhrance nf J<K) centi* 
meteia mm the throat 


6el9e Finite Conical Horn •. — The horns most commonly umxI foi' 
sound reproduction are the conical and the cx}>uiientini. 'rhcrcforc, the 
consideration of finite horns will be confined to these two tyjics. 

The expression for the throat impedance of the conical horn is 




Jpt^ XAiSjk^l coi [*(/ 
^ f/pu/- 


ft)] + (jpuh/ - ZAsSih) sin [i(/ ~ A)J 


sajtSiU + k*Ut) sin IA(/ — A) I 4- jpbiklh 

+ ZAtS^iJ — h) cos kU 


S.50 


A)| 


where S\ « area of the throaty in stjuare centimeters, 

Si - area of the mouth, in square centimeters. 

* - 2t/X, 

X wavelength, in cenbmeters, 
f *" distance fitim the apex to the mouth, in centimeters 

« - 2n/, 

/ • frequency, in cycles per second , 

• Ojoh, H. F., RCA R^vitVt Vol. 1, No. 4, p, 68, 1937, 
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h " dUtniice from the apex to the throat, in centimeters, 
p — density of wr, in grams per cubic centimeter, and 
zsj ™ acoustic impedance of the mouth, in acoustic o hms. 

Ilie impedance c)f the mouth of the horn is usually assumed to be the 
same ns that of a piston in an infinite baffle. In this case the mouth im- 
ixxlancc zm is given by equation 5.11 

ITic imjKdnncc characteristics of a finite conical horn is shown in Fig. 5.4. 



VtQt 5.^^ Hinuit ncmiBbc impc(biFioc chAtscberiicici of a cooicaI And ah cxponentiAl horn 
having the MOW thnwt and month Area. f4,miinvc component. Xiynacdvecompooenb 


Plnltfi Sxponontlal Horn — I'he acoustic impedance 
an exponential hom is 




f/i 


5.51 


where pi “ pressure at the throat, in dynes per square centimeter, and 
Ui -< volume current at the thnmt, in cubic centimeters per second. 

'I'he acoustic inqaxlance at the month of the exponential horn is 


lUs 


u* 


5.52 


where pt « pressure at the mouth, in dynes per square centimeter, and 
V, = volume current at the mouth, in cubic centimeters per second. 

From equations 5.46 and 5.47 the expressions for pi, Ui and p% and I7i 
at the )x>ints I and 2 corresponding to the throat and mouth may be aub- 


»• CHson, H, F., RCA Retdtv, Vol. 1, Na 4, p. 68, 1937. 
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stituted in equations 5.51 and 5.52 above. The constants may be elimi-' 
nated and the impedance of the throat in terms of the mouth impedance 
may be obtained. The final result is 


pc r ■S'tfil [cos (ii " g)] + Jpc [ain 

1***' (^0) + pc [cos {kl + ^)]J 


where Si area of the throat, in square centimeters, 

ai area of the mouth, in square centimeters, 

/ » length of the horn, in centimeters, 

Zig O' acoustic impedance of the mouth, in ocousdc ohms, 

8 «*« tnn~i a/Si 

a » «i/2, and 

The impedance characteristic of a finite exponential horn is shown in 
Fig. 5.4. From this figure a direct comparison may be made between a 
conical and exponential horn of the same dimensions. I'hese charncteris- 
tica show that the exponential horn has a definite low-frequency cutofF 
above which the throat resistance increases rapidly and becomes a con- 
stant. On the other hand, the throat resistance of the conical horn in- 
creases slowly with frequency and shows no definite low-frequency cutoff. 
Furthermore, the impedance frequency characteristics of the exponential 
horn show a larger ratio of resistance to reactance. Fur these reasons the 
exponential horn is more desirable and accounts for its almost universal 
use in horn loud speakers. In view of its widespread use it i.s interesting 
to examine some of the other characteristics of exponential horns. 

B.81. Throat Impedance Chanctorlstics of Finite Exponential Homs **. 
— The throat acoustic impedance characteristic as a function of the 
mouth, with the fiare and throat kept constant, is of interest in determining 
the optim\im dimennons for s particular application. The impedance 
characteristics of four finite horns having a cutoff of 100 cycles, throat 
diameter of 1 inch and mouth diameters of 10, 20, 30 and 40 inches and the 
corresponding infinite horn are shown in Fig. 5.5, These results may be 
applied to horns of a diflerent flare by multiplying all the dimensions by 
the ratio of 100 to the new cutofi^ frequency. TTie cutoff frequency of an 
exponential horn is given by 

2u me 5.54 


• Olson, H. F.J RCjii Rtu'eis, Vol. 1, No. 4, p. 68, 1937. 
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where a - 2n/, 

/ =■ frequency, in cycles per second, and 
e = velocity of sound, in centimeters per second. 

The radiation resistance of a mouth 10 inches in diameter is raladvely 
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Pro. 5.5. 'Ilie thro«t Impedance chontcteriitka of a group of exponential horoa, with a 
flare cutoff of 100 cycles and a throat diameter of 1 indi^ at a function of the mouth diam- 
cter. ^1 is the aroa of the throat in «]uaie cendmetert. Notei the characterutic shown 
is the thruQt acoustic impedance multiplied by Si ami divided by fie, Tj resistive com- 
ponent Xj nwetive component 

small Mow 500 cycles. The laiige change in impedance in passing from 
the mouth to the free atmosphere introduces reflections at the mouth and 
os a result wide variations in the impedance characteristic as shown in 



the 


i\rv 
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Fig. S.U. F<ir «.mpfe, the fimt m«xii.uira in the r.-»i»t.in, e . Unviu temtlc 

ia 150 times the resistunce of the siicrctiimB mtntnuim. 

By doubling the diameter of the nimtth the niaximiim l ariiHion 

resistance characteristic is 7.5, Pig. 5.5/1. 

Rtture 5.5C shows the impedance cliarncteriHtic of a liorii with n miwlli 

diameter of 30 inches. The mnxinnim variation m the reNwmme elmnih « 

teristic of this horn ia 2. i r • .,f art 

The impedance characteristic of a horn witli a mouth dininettr of 40 

inches, Fig. 5.50, shows a deviation in resistance of only a few jK*r cenr 

from (Jiat of the infinite horn of Fig. S,SE, ^ • r mU 

These results show that as the change in imixtlancc in pnssmg; from the 

mouth to the free atmosphere become.-, smaller hy employing n niouth 
diameter comparable to the wavelength, the reflection hcconiea corre- 
spondingly leas and the variations in the impetlancc chanictenMtu- 

r^uced. , r u i 

The throat acousric impedance charnctcri.stic u.s a function of the throat 

size with the month and flare held coiwtant Is of interest in deterniiiiing the 

optimum length and a suitable matching innwdaiice for the driving nici-lin- 

nism. The Impedance characteristics of four horns having a cutoff of HW 

cycles, mouth diameter of 20 inches and throat clinmeter of I, 2, 4 and H 

inches are shown in Fig. 5.6. A consideration these ehnr.acteri.stics shtiwn 

that the throat size has no appreciable effect ij|»on the nniplirmk* of the 

variations in the impedance characteristics. However, the separation in 

frequency between successive maxima is increa.*ieil, ns the throat Ikvoiiich 

laiger, due to the decreased length of the horn. ’I’he fret|iieiiry at which 

the first maximum in the resistance characteristic occurs Incomes pnigrcH- 

sively higher as the length U decreosetl , 

6.^. Bxponantial Connectora. — A transformer is usetl in electricnl 

circuits to transfer between two impedances of different viiliie.s withoiit 

appreciable reflection loss. In acoustical systema n horn may he u.-ted to 

transfer from one impedance to another. As a matter of fact a hcirn niny 

be looked upon as on acoustical transformer, transforming large pivsnurea 

and small volume currents to small prcssvirca and large volume curreutn. 

It is the purpose of this section to show how an exponential horn or eoii' 

nector may be used to transfer from one impedance to another. 

Figure 5.7 shows an exponential horn coupled t« an infinite tiilK*. *l'lie 

acoustic impedance of an infinite tube is 



EXPONENTIAL CX)NNECTORS 




mOQUEHCY rmojoct 

Pia 5.6. Tht throAt impctUnce chuncterlttici of ft group of exponentiftl bom*, with ft 
fUro cutoff of 100 cycloi and a mouth diameter of 20 inuea, aa a fbaction of the throat 
diameter. S\ ia the area of the throat in aqnare oentimetera. Notei the characteriack 
■hown U the throat acouadc im])edar>ce multiplied by Si and dividod by pc. r, reaudve 
comixmenL reactive compooenL 



Fia. 5.7. The throot acouaric Impedance characteriadca of two eiponential oonnectoti 
with a flare cutoff of 100 eyelet. The mouth of the bom ia connected to an infinite pipe, 
r, reftiitive component, x, reactive component. 
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where p ^ density, in gnuns per cubic centimeter, 

c » velocity of sound, in centimeters per second, and 
S, - cross-sectional area of the infinite tube, in square ccntimeicre. 

Equation S.SS is the mouth impedance of the exponential horn. lujun- 

don 5.53 then becomes 

pcr cos (i/— 0) +/sin (^ /)~| j jg 

" 5iLcos (pi + 0) +j sin {bf)\ 

For i “ 0, equation 5.56 is indeterminate. To evnluate take the deriva- 
tive of the numerator and denominator with respect to b and set b -■ 0. 
the expression for the throat impedance becomes 








Below the frequency corresponding to i " 0, ^ is imaginnry. 1 his |vir- 
tion of the range may be evaluated by employing the standard loi'iiiulns 
involving complex quantities. 

'The impedance characteristics of two ex|x»ncntinl connectors with a 
flare cutoff of 100 cycles (that is i * 0 at 100 cycles) is shown in l*ig.^ 5.7. 
Below 100 cycles the throat impedance is the same ns that of the inrmitu 
pipe. However, at the high fi^uencies the throat imiH-tlnnee is the same 
as the surge impedance of a pipe of the diameter of the throat. I n order 
to effect a constant transfer of impedance with resjieet to frvi]iieney over 
a certain frequency range the cutoff of the connector must Iw plneed Ivlow 
the low frequency limit of the frequency range. 

6.28. A Hom Consisting of Manlfinitl Exponential Sections 'llic 
efficiency of a hom loud speaker is governed, among many other fru^tors, by 
the throat resistance. *ro obtain the maximum efficienev at aiiv frv- 

V 1 

quency the effective reactance of the entire vibrating system should Ih.* 
equal to the effective resistance, 'lliis, in general, means that to obtain 
maximum efficiency the throat resistance of the horn should lx? jiniixir- 
tional to the frequency, since the reactance is primarily mass reactance 
and, therefore, proportional to the frequency. Practically any throat 
impedance frequency characteristic may be obtained by enqiloying n h<a'n 
consisting of manifold exponential sections. 


"Olion, H. F., Jour. Soe. Mot. Pic. Eng., Vol. 30, No. S, p. 51 1, 19.18. 
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A horn consisting of three mtes of flnre is shown in Fig. 5.8. The im- 
{ledsnce characteristic at the throat of the small horn is obtained in stages. 
First} the throat impedance characteristic for the laige horn is obtained by 
uung equation 5.53. The throat impedance obtained for the large horn 
now becomes the mouth impedance of the intermediate horn. The im- 
pedance of the throat of the intermediate horn is obtained by employing 
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Fio, 5.8. ThroAt acouiric im|)edancc chnncccriitic of a multiple flAte exponential hom of 
three icetiona. 'IIk cutofl« due tu flare of the three horns Arc 25, 1<K> aikI 1400 cycles. 
In this exAmple the imiwtUncc it rcicrretl to iVi. r, resistive comjXHicnt At tlic thnmt of 
the imAll honi. reactive component at the throat of the small tiom. 

equation 5.53. For the frequency corrcsjionding to ^ » 0 of the inter- 
mediate hom the impedance at the throat of the intermediate horn becomes 
indeterminate. The expression can be cvaluntnl ns shown in Sec. 5.22 on 
exponential connectors. Next, the throat im|>eilnnce nt the throat of the 
small horn is obtained by again employing equation 5.53. 'llie mouth 
impedance of the small horn is the throat impedance just obtained for the 
intermediate hom. The imi)ednnce chamcteristii: of b'lg. 5.8 shows three 
distinct steps depicting the surge impedance of each section. 

B.S4. Sound Transmission In Tubes *^’**’*. — 'I'lie effect of viscosity 
upon the characteristics of small holes and slits was considered in Secs. 5.3 
and 5.4. 'Fhe transmission loss in to lies of circular section is of interest 

^ Crandall, " Vibraciiw Systems and Sound,” I). Van Ncistrand Co., New Yoric. 
“ Ljimb, “ 'Ilicory of Sound,” 1*'. Arnold, Ixindon. 

** Rnlcigh, "Theory uf Sound,” Macmillan and Co., I.undim. 
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/ * 

in problems in acousdca involving the use of tubesi 1 he cquAtiun * cx- 
pressing the sound transmission in a tube is 

A *■ 

where A " amplitude (pressure or volume current) nt a distance x cen- 
timeters from the amplitude A^ 



R ■■ radius of the tube, in centimeters, 
c " velocity of sound, in centimeters per second, 

“ - Suf, 

/ » fiequency, in cycles per second, 

ft * viscosity coefficient, 1.86 X 10“* for air, 

p » density, in grama per cubic centimeters, 

7^ “ 1 + 1,S8(7*J* — TT*^), and 
7 " ratio of specific heats, 1.4 for air. 

The attenuation characteristics of tubes of various diameters ns a func- 
tion of the frequency is shown in Fig. 5.9. 



PVEQUCMCV m CYCLXS PCfl tEGOW 


Fto. 5A The ■tttnnition of e loaiid wave in deetbeU per foot as b Ainedoti of the frcciuoacy 
ia cydeB per Mcond in pipes of nrioiu diiimeten ami filled with tlry *ir at 20" C. 


6.25. Transmission of Sound from one Medium to Another Medium. 
— It is the purpose of this section to consider the transmission of sound 
energy across a j unction of two media. The boundary between the two 

" Mtion, W. P., Rhys. Vol. 31, No, 2, p. 283, 1928. 
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media is assumed to be plane and parallel to the wave front which is also 
assumed to tie plane. 

The boundary conditions are 

1. Continuity of pressure, 

2. Continuity of volume current. 

These condidons may be written 

p\ + pi *■ pi 5.59 

where pi incident pressure in the hmt medium, in dynes per square 

centimeter, 

px B reflected pressure in the flrst medium, in dynes per square 

centimeter, and 

p% » transmitted pressure in the second medium. 

{Ui - C/,') - £/» 5.60 


where Ui = incident volume current in the flrst medium, in cubic cen- 
timeters ]Kr second, 

U\' * rcflectetl volume current in the flrst medium, in cubic cen- 

timeters |x*r second, and 

Ui = tmnsmittctl volume current in the second medium, in cubic 

centimeters jxt second. 

'l1ic acfHistic imjx'dancc of the flrst mcilium is 



The acoustic imiKtlnnce of the second medium is 




fa 

Ui 


5.62 


where r.u 

r.u 


acoustic resistance of the first iiKiliiim, acoustic ohms, 
acoustic resistance of the sec<ind mudiuin, acoustic ohms. 


'I'hc incident |iowcr is 


Px 


/>j* 

t'At 


5.63 


The tmnsmittctl twwcr is 


Pt = 


pi* 


5.64 
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The ratio of the transmittcil |x»wcr to tlu* im*i«lcnt jHiwcr is fnwii 

equationa S.59i 5.60, 5.61, 5.62, 5.63 nnd 5./>'l. 



4r,iir.w 

(r,ii -I- Oa)“ 



The above formula may be used to coinpiitc the tu'oiiKtie n'NisiaiUT nf 
materials from the absorption coeflieieiit for iniiterinls which ilo not 
a reactive component. 

The above formulas are also applicable to the houihI tninsmil teil nenna 
the junedon of two semnnAnite pi|H.'s having acoustic imiwilaiices 1*41 
and Til. 

0 . 26 , Tubes Lined with Absorbing Material. In veniihiior ami cx* 

haust systems it is desirable to pnivide a high degree of ailcinialiiHi for 
audio frequency waves while ofFuring Itiw resistance to cnntiniimiN llttw. 
For that purpose one of the most satisfactory systems are liiicts liru*d wiih 
absorbing material. Longitudinal isolation of the walls of the duct shiaild 
be provided to prevent longitudinal trnnsmission of soimd hy the walls itf 
the duct. Thu can be accomplished by the use of rublxt ciaiiiecinrs nt 
regular intervals. The walls of the duct should U* rigid so that air Uiriic 
sounds ore not transmitted through the walls. Wry high aileniinlioii 
can be ob^ned in ducts <if this ty|K*. hor example, a circular duct 12 
inches in diameter lined with 1-iiich rfx'kwiKtl gives 2 dh alieniiaiioii |»cr 
foot oyer the frequency range from »() to 251) cycles. Alxive ISi) ilie at- 
tenuation rises rapidly, being 6 db |ier fcHit at 500 cycles and ^t) db per font 
at 1000 cycles. The effect of d.c, air flow up lo 2000 feet |M*r nuiiiitr di»rs 
not appreciably change the a,c, attenuation. The general mibjcci *' of 
tubes lined with absorbing material, with lw»tli rigid and vihraiilc walls* 
has been considered theoretically and ex|KTiineMially, 

“Sman, L J., Jour. Acm, Soe, Amer., Vu|. *t, Njj. 2, g, i.i5| jy.iy, 
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6 . 1 . IntrcKhiGtiou. Am rlts iiii' irtn'lianu'al or rlrt'inuu'tiiistir (rniifl- 

•.y‘.U'in I*, :i svsinii tni- fimvcrlitif; rli'i'irirul vihrnliniiH iuhi 
llir rnnvs|iiiiiiliiij; iiu'i haiiii al r»r jii'iiii<.tii'al viliratitinH, 'I'lir iiMwr I'oinntofi 
(lriviit|< •.yi.irm'* m ii'.r f«Mlay |iir rlts'hit'ul viiriiihcui't ijUn me- 

tlmiiital viliiiiiMiis air ilir {‘Iri thhlynaiiiit', lln* the niii- 

ilriiMT aiiil ilir pii'/ni-li-rfri*-. It is ilir luirpiHi' nl' this rhiMiter In enmiuler 
tlir rlr< fili al aiiil Mirrli.uiii'ul i'li.irut'(i*ri‘<iir'i nl ihrnr ilriviiiu RyHlt‘iiix, 

0.3. Klecirotlyiianiic Driving SyHlom. A iimvin^r niil nr ilynnntu: 

itiiviii^ sysiriii 1 % a ilrivin^ sysfnn in wliii li tlu* iiKvIianit al inn’CH arc (k‘> 



fi.l. TV /i-lfi tUhlv n.^jnii , // rlrt iriiiTMfytirrvr, rml iinnilhirr, 

|>.lLi|ii’iI ,il in.if lit r, i • ^ 

ti\ the iiiin.ii linn 1.1 iiinmi-i in ii i iiiitiiii inr aiiii flir |Hllllri/.in^ 
lirtii III wlihli It I'l III. all'll il‘i|v ii.i./). I In' tiiriT, in iiviu*ii, ihir tn llit' 
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The electromotive ibree, in abvolts, developed by the motion 
doctor is 

e J5/i 

of the ctm- 

6.2 

where i velocity, in centimeters, per second. 

From equations 6.1 and 6.2 


“ my 

t JU 

6.3 

e 

- = Xmu 
t 

6.4 

where Sur electrical impedance, in abohms, due to motion. 
The mechanical impedance of the vibrating system is 


/w j 

6.5 


where tjg » mechaoicol impedance, in mechanical ohms, the totnl muclmni- 

cal impedance at the conductor including the ninsH reactance 
of the voice coil. 

The electrical impedance due to motion (termed motional inijicclnncc) 
fram equadoiu 6.4 and 6.5 is 


tsmu 




The motional impedance of a transducer is the vector (lifFerenee Ix'fwoen 
its normal and blocked electrical impedance. 

The normal impedance of a tran^iicer is the electrical im{x.tlnncc meas- 
ured at the input to the transducer when the out^iut in connected to itn 
normal load. 

The blocked impedance of a transducer is the electrical imjKxlancc incns- 

uied at the input when the mechanical system is blocked, that is, in the 
absence of motion. 

The motional impedance may be represented ns in series with the blocketl 
impedance of the conductor. 

The dynamic driving system is almost universally used for all tyixjs ol 
direct radiator and horn types of loud speakers. 

6.8. Blortromagnrtic magnetic drivina system 

IS a ^iving^tem in which the mechanical forces result from mtigneric 
iwtions. T^ are two general types of magnetic driving systems, 
namely; the reed armature type and the balancetl armature type. 
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A. Reed Annatttrt Type. — A reed annature drmng ayatem conaista of 
an electromagnet operating directly upon an armature of steel (Fig. 6.1B). 
The steel armature is spaced at a small distance from a pole piece wound 
with insulated wire carrying the alternating current and supplied with 
steady flux from the poles of a permanent magnet. 

The fluX} in maxwi^) due to the permanent magnet is given by 



where A/ magnetomotive force of the magnet, in gilberts, and 

Ri reluctance of the permanent field magnetic circuit, in oersteds. 

'ITie flux, in maxwells, due to the sinusoidal current i^mM ain in the 
coils is given by 



sin cot 
Rt 



where N ■■ number of turns in the coil, 

r'mu ” maximum airrent in the coil, in abamperes, 

Kt reluctance of the alternating magnetic circuit, in oersteds, 

a ■= Ivjt 

J “ frequency, and 
t - time. 

'I'hc force, In dynes, on the armature is 



(^1 + 
8t^ 


hi* 




MNi 

j 


sin at 


RiR^A 


■ irjV»/*n,u cos lot 

^ Rt'A R^ 



where A = effective area of the pole in stiuare centimeters. 

'Ilie first and third terms of the right-hand side of equation 6.9 represent 
a steady force, the second term represents a force of the same frequency 
ns the alternating current and the last term represents a force cjf twice the 
frctpicncy of the alternating current. Referring to etpiation 6.9 it will be 
seen that the driving force is pnqxirtionnl to the steady flux ^ Also, 
^1 must lx‘ large compnretl to in order to rwluce second harmonic dis- 
tortion. For these rensonB the |M)lnrix.ing flux should he made as large 

as |xissiblc. 

'I'he motional impedance of this system will now be considered. If all 
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the reluctance is assumed tn reside in llie aii thr !lu\. mj 
through the armnturu is 


01 


MJ 




MO 


// 


where M “ mngnetcimntivo fnnv, in fjlIlnTi';, dtn* im ihr '.ff jdv lirlJ, 

a spacing lierwccn ihc urtiuiinn* iiiiil |'"lr, in < I'MTititt'in anj 
= area of the jinlc, in Hipmrf ivniiiiicir-p.. 

Let the armature Iw dcHccreil u (lisciiiur A.v inwiihh. ihr Hn* 


will now be 


01 ' 


M.1 

a Ji.v 


Ml 


Now, let the armature lx: pnllwl away Inmi iln' iii«i'in;il ititsirimi a d; 
tance of dv, the flux will Ik* 

01 ■ • 

•; I A.V 


f. i; 


The difference in flux thrimuli ilic iirinnturr Ini ijn-.r »««• ■* 


A01 “ 01* — 01** 


Ml 


M / 


M L\y 


ii .i.v ii I Av 


f- 3 ■= 


This change in flux with rt.it|u*('( in ilic ilinr i*i 

//0 2M.I ./v 


,/t 




M 


I. H 


'I'he eIcctrtiiTiotivu force, in abvollH, I'l'iitTuii-il in ihr ,••11 due in 
deflection of the armature is 


^,//0 2/V.U./ , 

f Af ^ J' 

itt li' 


f. 15 


Leaving out the steady force tind ilu* Inn c ni lv^ ii i- ihr iiripii''iii i , r<-|nj 
tion 6.9 becomes 


where i 


hlNi 
' A*,A‘,./ 




/mi am w/. 

Combining equations 6.15 ami 6.16 

> 2.1 /’A’ 


f 

i ' /w *A',A‘~<i» 


M 




2vi rs- 

A*|AVr;:.yf 


Ms 
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I 

where 2 * 1 / « nmtional impedance^ in abohma, and 

"j/r " t4)tal mechanical impedance including the armature with 

reference to a point on the armature directly over the 
pole piece. 

I'’rom eiiuations 6.7 and 6.18, aasuming i?i = 


Zsu 





Ei|iiation 6.19 ia aimilar to equation 6.6 for the electrodynamic syatem. 

'l*his driving ayatem ia not generally uaed in loud apeakera. The moat 

(.omtnon example of thia driving aystem is the bipolar telephone receiver 
where the diaphragm ia the armature. 

B. lialtMced Armalitre Type. — There are innumerable poaaibiliriea in 
the deaign of a magnetic driving ayatem. The preceding section conaid- 
ereil the aimpleat magnetic driving ayatem in which both the steady flux 
and the alternating flux flows through the armature. It ia the purpoae 
of this section to consider the Iwlancetl armature type of driving ayatem 

in which only the alternating flux flows longitudinally through the arm- 
ature. 

A typical bnlnncetl armature driving system is shown in Fig. 6.1 C. The 
Htenily fielil is usually supplied by a jicrmanent magnet, llie armature 
ia locntetl so that it ia in the eijuilibrium with the steady forces. The 
alteninting current winding ia w<Hind around the armature. The steady 
force in dynes at 1, 2, 3 or 4, Mg. 6. 1C’, due to the magnetic field, is 

/ir - 6.20 


where » total flux, in maxwells, at each |)ole due h) the jicrmnnent 

magnet, and 

.7 «= elfective area, in aquare centimeters, of the jxile piece at 

1 , 2, .3 or 4. 

'I'he flux, in maxwells, at 1 , 2, 3 or 4 due to a current in the coil is 



where N ~ mimlH.'r of turns in the coil, 

/ = current in the coil, in abam|x:res, and 
A| reluctance of the magnetic circuit, in oerateils, which the coil 

energixes. 
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The sam of the forces, in dynes, at the points 1, 2, 3 and 4, acting upon 
the armature due to a current in the coil is 


/ 


2 (^ + ^i)* 2(^1 “ ^)* 








vA 


6.22 


or 



6.23 


In the case of the simple reed driving system a second harmonic term 
appeared in the force when a sinusoidal current was passed through the 
coil. It is interesting to note that in the cose of the balanced armature 
the second harmonic term cancels out due to the push-pull arrangement. 

The motional impedance of this system will now be considered. Let 
the armature be deflected a distance of Ax from the poles 2 and 3. I'he 
flux, in maxwells, through the path 1 and 4, assuming that the entire re- 
luctance exists in the air gap, is 


^ MA 
" 2(e - Ax) 


6.24 


where M ~ magnetomotive force, in gilberts, of the steotly flcld, 

a — spacing between the armature and pule, In centimeters, and 
A « dfcctive area of a pole piece, in square centimeters. 

The flux through the path 2 and 3 is 




MA 


2{fl + Ax) 


6.25 


The flux through the armature is the difference 


A^ " ^4 “ “ 


MA^ 


^ — (Ax) 


MAtiX 


6.26 


The change in flux with respect to the time is 

^ MAdx MA 

dt’" a* " fl* ® 


6.27 


The electromotive force, in abvolts, generated in the coil is 




NMA^ 

I — X 


6.28 
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Combining equations 6.23 and '6.28 


~i " /i»R, 



2cj/ 




6.29 


6J0 


where tMu ^ motional inqtedancc, in alMhms, and 

tm tcital mechanical imt)etlance including the armature with 
reference to a ])oint on the armature directly over one of 
the ]K)lc pieccA. 

niie entire reluctance is assumed to reside in the air gap and equation 
6.30 may be written, 



Equation 6.31 is cicscntiAlly the same a.s e(|uation 6.19 for the reed arma- 
ture ty|K‘ and is similar to equation 6.6 for the electnKlynamic system. 

When the armature is displaced by the curmnr, means must Ik provided 
for returning the armature to the e(|uilibnum jKisition. Due to the large 
magnetic forces, the stiffness of the centering system must lx* relatively 

laige. 

'I'his driving system is usetl for loud s|X‘nlcer.s, gnlvanometerH, for motion 
picture film recortling galvanometers and for facsimile printeni. 

In actual practice it appears very difficiilt to nslucc the stifFiieott suf- 
ficiently .s«» that the resmiance of the system will occur Ix'low 10() cycles. 
Therefore, when this driving system is usetl for a loud speaker the response 
will fall off (jiiite rapidly Ixlow the resonance frcipiency. 

6,4. Condenser Driving System. A coiulenser driving system is a 
driving sy.<item in which the mechanical forces n.'sult from electrostatie 
reactions. Consiticr tijc system t>f I'lg. 6.1/), consisting of a vibrating 
surface moving normal to its plane aiul sepnratcil from a fixetl conductor. 
The force, in tlynes, Ixtween the pinteil jx’r unit area is 



6.32 


where e — voltage Ix'tween plates, in stntvolt.s, and 

.V = distance Ixtwcen the plates, in centimeters. 

Assume that the )>olnri’/.ing voltage Is cg and that the alternating voltage 
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9 H tj^ ain at. The force, in dynes, between the plates u 


/Xi 


/ir- 

(eo + Cntx sin 

6J3 

8r*» 

9if + 

sin at -|- "" 

6.34 




The first and third terms in the numerator of equation 6.34 represent 
steady forces. The fourth term is an alternating force of twice the fre- 
quency of the impressed voltage. The second term is an alternating force 
of the frequency of the impressed voltage. If the polarizing voltage is 
large compared to the alternating voltage e,^ sin at the fourth term will 
be negligible. The usefril force, in dynes, then, is the second term which 
causes the moving surface to vibrate with a velocity which corresponds to 
the impressed voltage, 



eoenax sin at 


4irA* 


eat 



where e emu sin at. 

The motional impedance of this system will now be considered. 

The charge, in atateoulombs, on the condenser is 

^ ™ 6.36 


whece ~ potential difference between the plates, in statvolts, and 
Cm "" capacity per unit area, m statfarads. 

The current, in statomperes, generated due to motion is 



From equations 6.36 and 6.37 the generated current is 


/ 


dCMdx 



tix dt 


The capacity per unit area, in statfarads, is 





The change in capacity with respect to a change in the spacing x is 

dCw 1 

dx 4rx* 


6.40 
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Substituting equation 6.40 in 6.38 the generated current^ in atatam- 
lerea, is 


/= . 

■ 

4ir** 

6.41 

From equations 6.41 and 6.35 

e 

■ 

16 i^;c*/if 

6.42 

f 

flu? i 

Zffif - - 

16»».v* 

6.43 

vherc z^u ■■ motional impedance, in stntohms, and 



zttT *■ total mechanical impedance presented to the vibrating sur- 
face including the vibrating surface. 

The condenser driving system has been employed as a loud speaker, in 
^hich cose the moving clectnale radiates directly into the air. Means 
oust lie provided to keep the elcctrcxlcs separated without, at the same 
:ime, adding u large stiffness. In a bilateral or push-pull arrangement the 
novable electrtxle is placetl lietwecn two stationary plates and the large 
itcaily forces are balanced out. 

'I’hc im]iednncu of a condenser loud speaker is inversely proportional to 
the frct{ucncy. 'Hub makes it very difficult to provide efficient coupling 
to a vacuiiin tulic over a wide range. Another undesirable feature is the 
high {Xilari'zing voltage required in order to obtain high efficiency. 

6.6. Piezoelectric Drivl^ System. — A piewadectrlc driving system is 
a driving system in which the mechanical forces result from the deformation 
:)f a crystal having converse pic'zoelcctric pmpertics. 'The bimoiph ele- 
ment in u.He to-day is an assembly of a plurality of electroded and properly 
orienteil plates of Rochelle salt cemented together face to face. Two types 
are available, namely: " liendcrs " and " twisters.” The driving system 
in Mg. 6. 1 /C depicts a ” twister " element. A bender element will be con- 
siderctl in the chapter <in microphones. Sec Sec. 9.26*. 

'ITie deformation in centimeters at the end of the lever arm produced in 
a crystal by the application of an electromotive force is 


K,c 


where A'l ■■ constant of the crystal, and 

r M electromotive force, in volts. 


6.44 



no 
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The electric chai^, in coulombs, produced by a deformation is 

6.45 

where Kt » constant of the crystal, and 

X ~ deformation, in centimeters at the end of the lever arm. 

Tlie constants Ki and Kt depend upon the dimensions of the crystal 
and the temperature. It ia customary to specify the open circuit voltage 
ns a function of the twist in radians and the twist in radians for the appli- 
cation of, say, a 60 cycle electromotive force. 

The current generated due to motion is 

f " 6.46 


The force, in dynes, required to produce a given deformation is 

fit - w 


where s ■■ stiffness of the crystal, in dynes per centimeter. 
From equations 6.47 nnd 6.44 the force, in dynes, is 

fu = sKic 


From equations 6.46 and 6.48 

1 fit 
'i " jKiKi i 



6.48 

6.49 


Zjfif “ j, „ 6.50 

jAi A.2 

where %au motionnl impedance, in ohms, and 

2jur total mechanical impedance including the crystal with refer- 
ence to some point of the system. In this example the 
reference point is at the end of the lever arm. 

Equation 6.50 is similar to equation 6.4.3 for the condenser driving sys- 
tem. The capacity of crystal elements runs from .0002 to .02 mfd. 

Crystal driving elements have been employed for loud s|x.‘nkcrs, telephone 
receivers, recortling galvanometers, phonograph pickujis and recording 
voltmeters. 
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DIRECT RADIATOR LOUD SPEAKERS 

7.1* Introduction, — A loud speaker is an electroacoustic transducer 
designed to radiate acoustic eneigy into a room or open air. There 
are two general types of loud spealurs in use to-day, namely: the direct 
radiator and the horn type loud speaker. Hie diaphragm of the direct 
radiator loud speaker is coupled directly to the air. The diaphragm 
of the horn loud speaker is coupled to the air by means of a horn. 
The direct radiator loud speaker will be considered in this chapter and 
the horn loud speaker will be considered in the following chapter. 

The almost universal use of the direct radiator loud speaker is due to 
the simplicity <if construction, small space requirements, and the relatively 
uniform rcs]ionsc charactcrisric. Uniform res{X)nHC over a moderate fre- 
quency band may lx: obtninctl with any simple direct radiator dynamic 
loud s]x:aker, l lowcvcr, rcjinxluction over a wide frequency range is 
restricted hy practical limitation.s. The two extreme ends of the audio 
frequency hand arc the most difficult to reproduce with efficiency com- 
parahlc to that of the mitUniidio frctpicncy range. Inefficiency at the low 
fret]uencics is primarily due to the small radiation resistance, 'fhere are 
a mimlx:r of means available for increasing the roiliation resistance nt the 
low fretiiiencicH. A large radiation resistance may be obtained by using 
a large cone. A phase inverter consisting of a completely enclosed cabinet 
with {xirts provides a means for extending the low frequency range. A 
horn may be iisetl for presenting a large radintion resistance to a dia- 
phragm nt the low fre<|uencic.H. 'Hie efficiency of a direct radiator loud 
speaker at the high frequencies is limited hy the mass reactance of the 
vibrating .system. 'I'hcre arc a numlx'r of armtigcments suitable for re- 
ducing the nuLHs of the vibrating system at the high fre(|ucncies. Two or 
more separate loud Bjwakcr mechanisms may lx: used) each designed to 
rcjimdua* n certain jxirtion of the range. Multiple cones driven by n 
single voice roil may he arranged so that the mass of the system decreases 
at the high faHjiiencies. 'I'hu voice coil may lie sectionnliised to decrease 
the mass and Inductance nt the high frLH|ucncics and thereby increase the 
high frequency range. Multiple coils and multiple cones combined into 


112 


DIRECT RADIATOR LOUD SPEAKERS 


a single mechanism may be designed to yield uniform response to the upper 
limit of audibility. 

It is the purpose of tills chapter to outline the factors which influence 
the performance of the conventional direct radiator loud speaker, to illus- 
trate systems for controlling the response with respect to frequency and to 
describe several means for decreasing the effective mass of the vibrating 
systems at the high frequencies and for improving the efliciency at the low 
fluencies. 

7.S. Single Coll, Slnglle Cone Loud Speaker*. — The simple dynamic 
laud speaker consists of a paper cone driven by a voice coil located in 
a magnetic field. The mechanical Imfiedance of this arrangement is 

given by 

■ 

"• t‘uo ■^JXira + fjiA -i'JxuA 7.1 


where r^a ^ mechanical resistance in the diaphragm, in mechanical ohms, 
Xiio ^ mechanical reactance of the cone and coil, in mechanical 

ohms, 

rara mechanical resistance due to the air load, in mechanical ohms, 

and 

Xata mechanical reactance due to the air load, in mechanical ohms. 
The efficiency, in per cent, of this loud speaker may be expressed as 



+ fj/a) + fMoUfifc + fi/a)* + (xj/a + JCi/o)*110* 


XlOO 7.2 


where rjui • resistance of the voice coil, in ohms, 

J " length of the conductor of the voice coil, in centimeters, and 
B "" fiux density in the air gap, in gausses. 

In general rm is small and may be neglected. If fj/a is small com- 
pared to xvA and xuo, equation 7.2 becomes 



(B/)*rjtA 

f’MD(XirA + 


X 100 



In terms of the resistivity and density of the voice coil the efficiency, in 
per cent, is 


5*r«aflii 


Mr(XifA + JfjfOplO* 


X 100 


7.4 


• Olaon, Ff. F., ymir. Acotu. Sut. Amtr., Vol. 10, No. 4, p. 305, 1939. 
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w l)<rr c* «/i " miu« «f the voice coil, in grams, 

p = cieiiHify of the voice conductor, in grams per cubic centimeter, 
and 

kr = resistivity of the voice coil conductor, in ohms per cubic cen- 
timeter. 

From the stBndiX)int of maximum efficiency it is desirable to make the 
niOHS of the cone as amnli as possible. 'Ilie maximum efficiency occura 
when the mass of the coil is equal to the air load mass plus the cone mass. 
‘l'c> fulfill this condition is not practical save at the high frequencies. 

The im^KxInnce and efficiency characteristics of loud speakers with 
16-inch, 4-inch, and l-inch diameter cones are shown in Fig. 7.1. The 
air icHul resistance and reactance is assumed to be the some as that on the 
two sitlas of a vilirating piston with the diameter equal to the cone diameter, 
Scu .Sec. 5.7. The weight of the cone and voice coil of the 164nch cone 
nre typical of loud sjieakcrs c»f this size in use to-day. The efficiency has 
been computed assuming that all parts of the cone move with the some 
phiiae. 'I'he constants of the 4-inch and 1-inch cones were chosen to yield 
uppmximntely the same efficiency os the 16'inch cone. A comparison of 
tlie characteristics shows that it is possible to obtain efficiency comparable 
to that (jf the large cone over a wide range by using a small cone and coil 
system. Of course, the j'xjwer handling capacity of the 1-inch diameter is 

very small at the low fretjuencics. 

'I'he power output, in ergs per second, of a vibrating piston is 

P - ruAi^ 7.5 

where r.vA " mechanical resistance, in mechanical ohms, from Sec. 5.7, and 

i =a rm, vehwity of the piston, in centimeters per second. 

I*'(iuati()n 7.5 may lie usetl to compute the power output of a direct radi- 

n tor loiKLqK'akcr as a function of the frequency. 

'I’he jx“ak amplitude fmpiency characteristics of a I64nch, 44nch and 
I -inch piston mountcil in an infijiitc haffle for one watt of sound output 
are shown in l-’ig. 7.2. These characteristics show that a relatively large 
piatem is pcquiretl to deliver adequate power at the lower frequencies. In 
ntUlition, a relatively heavy cone is required in order to prevent generation 
■of harmonics iliie t<) spurious vibrations of the large surfaces. ^ 

'Pile charactcrisiics i>f Mg. 7.1 show that a moss controlled system delivers 

instant oitrput Mow the jxiint of ultimate resistonce. To deliver con- 
stunt output in the range where the resistance is constant the mechanical 
inipeilance of the entire system must be independent of the frequency. 
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By suitabk processing of the cone it is possible to reduce the niuchonicttl 
impedance at the higher frequencies. In any case, there is some wnvo 
propagation in any diaphragm at the higher frequencies which in efiect 
reduces the impedance of the vibration system. 
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picjil circuit of the mechanical system. In this case the driving force 
pplied b) the mechanical system must be determined. 

Ill the example of Fig. 7.1 the damped impedance of the voice coil has 
een nssumed to be a constant resistance, llic inductance and the in- 



rncoucHcv M cveus pot aecow 


u. 7.2. The amplitixje frequency clunicterudci of vlbradiig piitoiu, of various <£■»• 

eten mounted in an infinite wall, for one watt output oo one aida 


'ensc in resistance due to skin effect and hysteresis in the iron core at the 
gher frequencies causes an increase in the impedance at the higher fre- 
lencics. ‘lliis, of course, reduces the force available for driving the me- 
ianicn.1 system. The current in the electrical circuit b also influenced 
i the motional impedance. The motional impedance, in abohma, see 
x*. 6.2, is 


Sfir 


m' 

fUT 



here li — flux density in the air gap, in gausses, 

/ * length of the conductor, in centimeters, and 
ZuT ”” total mechanical imjiedance, in mechanical ohms. 

1 

juCu 


ZitP ” Tu +Jwm + 


7.7 
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where Tu ^ nwchanical resistance, in mechnnicnl ohms, 

m ■« mass of the fur load, cone and coil, in grams, and 
Cu ■* compliance of the suspension system, in centimeters I'Kir ilync. 

Due to the largv mass reactance of the direct rotliator loud sjxinker tlie 



Ro. 7JL Eketrieal and mediaaical dradta of a dynaniic loud apoaker at tlie low froquancict. 

Tm mmol inpodaiKe, aiy, and the blocked impedance, charnctcriatica of the voico 

cod frf a typtcil dynanuc load apeoker an shown in gra|di J. llie churactcriiitica of the 

rmtiTC, rgii, ^ the leacdve Kaut oomponenta of the modonal impedance tgM n™ 
tnowfi IB graph B* 

motional impedance i& very small at the high frequencies and may be neg- 
lected in calculating the driving force- However^ at low fi^iiencies it is 
a factor in determining the current in the voice coil circuit- 
Figure 7-3 shows a cross-sectional view of a conventional direct mdiattir 
loud speaker. The fiindamental resonance frequency of the loud apeaket* 
occurs at 75 cycles. The normal and damped impedance characteristic 
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of the voice coil is shown in Fig. 13A. The normal impedance, in abohms, 
of the voice coil is 

ztit ** Ztit + sjiD 7.8 


where zhd = impedance of the voice coil in the absence of motion, that is 

blocked, in alxihms, and 

Zau =* motional impedance of the voice coil defined by equation 7.5, 

in abohms. 

The components of the motional impedance are shown in Fig. 7.3£. At 
the resonant frequency the motional impedance is large because the me- 
chanical impedance is smalt. The current in the voice coil circuit may be 
determined from the driving voltage, the resistance of the generator rw, 
the resistance Tmd and inductance L, of the voice coil and the motional im- 
pedance 2 «jf. 

The driving force, in dynes, applied to the mechanical system, see 
Sec. 6.2, is 

/„ - BH 7.9 


where B flux density in the air gap, in gausses, 

/ ■■ length of the conductor, in centimeters, and 
/ — current in the voice coil circuit, in abamperes. 

'Uiia is the driving force /j# applied to the mechanical system as shown in 
Fig. 7.3. 

The mechanical impedance due to the electrical circuit, from equation 
6.6, is 







This impedance appears in the mechanical system ns shown in Fig. 7.3. 
In calculating the steady state |K‘rforinance the driving force applied 
to the mechanical system is used and the mechanical impedance due to 
the electrical system need not lie considered. However, in computing the 
transient response of the system, the damping constant, etc., the mechani- 
cal impedance due to the elecrrical circuit must be included. The driving 
force of the generator in the mechanical system which will produce a force 
fu across the mechanical system is 

/«. - Ju 7.11 

"MT 

■ 

The increase of impedance of the voice coil, with frequency, in com- 
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binadon with the exisdog vacuum tube driving ayatem, ia another factor 
which reducea the response of a dynamic loud speaker at the higher 
quendes. The impedance characteristics of the vacuum tube power ampli- 
fiers are generally designed so that the voltage acrosa the loud speaker, for 
constant voltage applied to the input of the power stage, is independent oF 
the frequency. Therefore, the current in the voice coil decreases with 
fi^uency as the impedance increases with frequency. 'lire impedance 
frequency characterisdes of several voice coils ore shown in Fig. 7.4, In 



Ftai. 7.4. Hie impeduice fmjiieiicy'cluncteHiticfl of t|.incii diameter voioc edk of 140, 

70 and 18 tumi and oil having 10 ohms d^; resistance. 

the case of a large heavy voice coil the rapid increase of the impedance ot 
the higher frequencies causes a corresponding reduction in the ilrivinf^ 
force. To maintain the driving force at the higher frequencies requires n 
relatively low ratio of the inductive reactance to the resistance which Air n 
constant value of the resistance is equivalent to a reduction in the mius i»f 
the voice coil. By secdonalizing the voice coil both mechanically anti 
electrically it ia possible to reduce the mass and the electrical impedance 
at the higher frequencies. The constants of the single coil, single umc 
convenrional loud speaker may be chosen to yield uniform response oiui 
ad^uatc power handling capacity over the range from 70 to 5000 cycles. 
This frequency band is commonly used in moderately priced radio receivers 
in^ use to-day. Considerable improvement in the reproduction is tib- 
tamed by the use of a wider frequency range. For example, wide range, 

loud spcflkcrs reproduce from 50 to 8000 cycles, broodciuit 
storion monitoring loud speakers reproduce from 45 to 1 2,000 cycles, ultra 

high frequency broadcast and television-aound loud speakers reproduce 
from 40 to 15,000 cycles. 
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MULTIPLE LOUD SPEAKER 

The j^ve discussion, together with Figs. 7.1, 7.2. 7.3 snd 7.4. shows that 
to obtain Bd^uftte power handling capacity and uniform response o^-er a 
wde range (^ater than 70 to 5000 cycles) requires a ndatively larae 
diameto and heavy diaphragm and large coU at the lower frequencies and 
a relatively light weight vibrating system at the higher ftwiuenciea. There 
are n large number of direct radiator loud speaker systems which may be 

built to satisfy these conditions. It is the purpose of the sections which 
foUow to consider a number of these systems. 

7*®* Cone, Slnj^e Con Loud Speaker.— The chnracter- 

istira of Fig. 7.1 show that the low frequency efficiency may be maintained 

to the higher frequency ranges by employing a small and relatively light 
cone and coil. On the other hand, to obtain adequate power handling 
capacity at the lower frequencies with tolerable excursions of the vibra^ 
ing system requirra a cone of relatively large area. To insure operation 
below the elastic limits of the materials a cone of large area must be of a 
sturdy construction. As shown in Fig. 7.1 and by equation 7.4 a large 



Kio. 7.5. Multipk ilii^ cntie. angle cal Imd nxtkcn. A, Ijitge low fluency nnit, small 
high froqueiicy unit and filter gyitem. B. Seven unell unia connected in parallel. 

cone of this type must be dnven by a relatively large coil to obtain a toler- 
able efficiency. The efficiency of this system is low in the high frequency 
I'ange. 

Adequate power handling capacity and response over a wide frequency 
range may be obtained by employing single coil, single cone loud speaker 
units in two different arrangements, os follows: First, a large diameter 
cone driven by a heavy coil for the reproduction of the low frequency 
range, a small diameter cone driven by a light coil and a filter system for 
allocating the power in low and high frequency ranges to the two respective 
low and high frequency loud speaker units, Fig. 7.5A. Second, a sufficient 
number of small diameter cones to satisfy the low frequency power require- 
ments and of lig(ht construction to satisfy the high frequency response 
requirements, Fig, 7.Sfl. 
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In the COM of the first system find referring to Figs. 7.1 and 7.2 it will 
be seen that uniform response and adequate power handling capacity may 
be obtained by employing a huge and a smdl single coil, single cone loud 
epeolcer unit. The filter system may consist of an inductance in serica 
with the low Inquency loud speaker and a capncitance in series with the 
high frequency loud speaker and the two resulting circuits connected in 
parallel with the power amplifier. See Fig. l.^A. Due to the large 
electrical reactance of the laige voice coil of the low fretpiency loud speaker, 
see Fig. 7.4, it has been found that for most applications the inductance 
in series with the low frequency loud speaker may l)c omitted. On the 
other hand, if a more elaborate filter system is requireil the ciix'uit of 
Fig. 8.18 may be used. 

Referring to Sec. 7.2 and Figs. 7.1 and 7.2 it will l>c seen that uniform 
response and adequate power handling capacity may be obtained by 
employing a large number of small cones driven by light coils. ’J‘he con- 
stants of the system may be determined from the frequency range. 'Ilien 
the number of units may be determined from the retjuircil |K)wcr outjuit 
and the allowable excursion together witli equation 7.5 or lug. 7.2. An 
arrangement of seven small loud speakers mounteil in n flat bafUe with 
the voice coils connected in parallel is shown In F’ig. 7.5/1. 'I’he voice coils 
of the loud speakers may of course be connected in parallel, series or 
ames-parallel. In order to obtain better high frequency spatial distribu- 
tion the units may be inclined at various angles, ffir example, the units 

may^ be mounted so that the resulting vibrating surface approximates that 
of a sphere. 


lood speaker systems described above possess certain 
msad vantages. The radiating surfaces must lie separated by a finite 
distance mA the result that the system may exhibit jieculiar dirccttonal 
charactensrics in the overlap region where the sound rndintioii issues 
from boA loud speakers. The same is true of the small units at the 

higher frequencies. The cost of two or moro field structures is in general 
more thftn that of a single structure. 

7.4. SlnglA ^ Double Cone Loud Speaker*. — A typical single coll, 
multiple cone loud speaker. Fig. 7.6fl, consists of a single coil coiipleil to 
rones. In this system an increase in frequency range is obtained by 
^ucing the impedanw of the diaphragm by coupling a smaller cone to 

r f*^«cncie8. The two cones and x,,, are 

separated by a comoliance Af Uu, .l.. k_. ■ i 


•OJson, H. F., Jour. Aeeus. Soc. Amer^ Vol. 10, No, 4, p. 305, 1939. 
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nctance of the compliance Cu ia large compared to the mechanical in^ 
pedance sjn uid consequently the entire system moves as a whole. At 
high frequencies the mechanical reactance of the compliance Cu is small 
compared to sj/i and the small cone tut moves while sjn remains sta^ 
tionary. By means of this reduction in cone mechanical impedance the 
range may be extended almost a full octave, depending upon the mass and 
electrical Impedance characteristics of the voice coil. The response char- 
acteristics of a single coil, single cone loud speaker is shown in Fig. 7.6^. 
The voice coil and large cone of Fig. 7.6B combination is the same as that 
of Fig. IXui. The high frequency range has been extended about one- 
half octave without any sacrifice of power handling capadty. 

7.0. Double Coll, Single Cone Loud Speaker — The double cdl 
single cone loud speaker, Fig. 7.6C, consists of a voice coil, divided into two 
parts separatetl by a compliance, coupled to a single corrugated cone. 
The larger portion of the voice coil U, r*i is shunted by a capacitance C*. 
At low frequencies the reactance of the capacitance is large compared to the 
impedance of the larger portion of the voice coil Z,i, rn and the mechani^ 
reactance of the compliance Cu separating the two portions of the voice 
coil is large compaa^ to the mechanical mass reactance of tm and the 
incdianical impcilancc zui. Therefore, in the low frequency range the 
action is the same as that of a single coil loud speaker. At high fr^uen- 
cics the reactance of the capacitance Cg is small compared to fhe imped- 
ance X-Hi rn or U, r« and the mechanical reactance of tlie compliance 
Cu is snudl comjwrctl to the mechanical renctHnee of Wi. The cone is 
driven by the lighter portion m of the voice coil and the heavy coil mi 
remains stationary. In the mid range there is a phase difference between 
the cutTcnts in the two portions of the voice coil. A emresponding phase 
shift occurs in the mechanical system. As a consequence, a smooth over- 
lap is obtained in going from two coil operation at the low frequencies to a 
single coil operation at the high frequendes. Above the frequency of ul^ 
mate resistance the radiation resistance is a constant. In order to obtain 
iiniforra output in this range the impedance of the system must be inde- 
iiendcnt of the frequency. This may be accomplished by embossing suit- 
able cornigations in the cone which reduce the effective mass reactance. 
The double coil system reduces the effective mass reactance of the voire 
coil ns compared to n single coil, as well as the electrical impedance at the 
higher frequendes. A typical response characteristic of this loud speaker 

in shown in Fig. 7.6C. 

»01wjn, H. 1'*., Proc. lust. RaJ. Eng,, Vd. 22, No. 1, p. 33, 1934, 
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7.6. Double Coll, l>nible 
Cone Loud Speaker^ — 
The double coU, double cone 
loud speaker, Fig. 7.6D, 
consists of a light coil 
coupled to a small cone, 
connected by a compliance 
to a heavy coil and large 
cone. In this system an 
increase in range is obtain- 
ed by reducing the imped- 
ance of both the coil and 
the diaphragm at the higher 
frequencies. At low fre> 
quencies the electrical re* 
actance of the capadtance 
Cm is large compared to 
the electrical impedance of 
the large portion of the 
voice coil L|, m and the 
some current flows in both 
coils. The mechanical re- 
actance of the compliance 
Cu separating the two por- 
tions of the coil is large 
compared to the mechani- 
cal impedance of mi. There- 
fore, at low frequencies the 
system behaves os a single 
■ coil, single cone loud ^)eak- 
cr. Both parts of the voice 
coil are used at low fre- 
quencies; no air gap flux is 
wasted os would be the 
case if two separate units 
were used. At high fre- 
quencies the electrical capa- 

^ Olson, H. F., your. Anus. 
Soe, Amer.. Vol. 10, No. 4, 
p. 305, 1939. 
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dtanoe Cm u small compared to the impedance of either the heavy coil 
Lii ris or the light coil Li, rgi and practically all the current flows in the 
light coil. The mechanical impedance of the compliance Cu is small com- 
pared to the mechanical reactance of mi or the mechanical impedance 
of Zui, Therefore, at high frequencies ^he small cone ain is driven by the 
light coil tm and the heavy coil tui and the large cone Zm remain station- 
ary. This system is equivalent to two separate loud speakers. The ad- 
vantage, of course, resides in the fact that only a single fleld structure of 
the size required to accommodate a coil the size of the two coils is needed. 
Such a fieU structure coil system and laige cone would be required to 
give equivalent performance at the low frequencies. The response 
quency characteristic of a doable cone, double coil loud speaker is shown 
in Fig. 7.6D. Tliis system provides a means of obtaining good response 
to 14,000 cycles. At the same time, the diameter of the large cone 
can be chosen so that moderate power handling capacity os a direct radi- 
ator loud speaker may be obtained at the low frequencies. 

The directional characteristics of a vibrating piston are given in Sec. 2.7. 
Tliese characteristics show that if the effective diameter of the cone de- 
creases invenely with respect to the frequency, the direcdonol character* 
isttes will be independent of the frequency. The effective diameter of 
practically all direct radiator loud speakers decreases at the higher fre* 
quencies. The effect can be accentuated by corrugating the cone as 
shown in Fig. 7.6C. A very close approximation to uniform directional 
characteristics may be obtained in the double cone loud speaker by a 
suitable selection of cone diameters. 

7.7. Mechanical Networks for Controlling the High Frequency Response 

of a Loud Spealnr. — Tn general, in radio and other forms of sound repro- 
duction it is desirable to attenuate the response above a certain high fre- 
quency limit. In some coses, it may be desirable to attenuate a certain 
band as, for example, 10,000 cycles in radio reproduction to eliminate the 
adjacent channel beat note. Electrical networks and filters are usually 
quite costly compared to mechanical Alters for certain applications in sound 
reproduction. It is the purpose of this section to describe the cortstruction 
and performance of several mechanical networks and filters for suppressing 
certain frequency bands or for attenuating the high frequency response 
of n loud speaker. 

A relatively light weight, 8-inch loud speaker was chosen for these tests. 
This type of loud speaker is used in small radio receivers. Due to the 
small mass of the cone and coil the response is well maintained at the high 
frequencies. The principles involved are applicable to all loud speakers. 
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The loud spcRker was mounted in a 3-foot irregular baffle. The rcaponae 
was obtained employing a velocity microphone located on the axis of the 
speaker at a distance of two feet. 

A. Cotivcntionai Single Coil Land Speaker. — 'I’hc response frequency 
characteristic of the conventional loud speaker, referred to above, is shown 
in Fig. in A, The equivalent electrical circuit of the mechanical system is 
also shown in Fig. in A. ']*he constants have been indicated os die mass 
of the voice coil mi, the compliance of the centering suspension, the 
cone impedance including the cone outside suspension and ^e radiatipn 
resistance, etc., lumped as Zua, llie response is well maintained to 12,000 
cycles. For this reason, this loud speaker is well adapted to illustrate the 
performance of mechanical networks for controlling the response at the 
higher frequencies. 

B. Laud Speaker with a Compliance Shunting the Cone Impedance, — 
One of the simplest means for attenuating the high frequency response 
of a loud speaker is a compliance inserted between the voice coil and the 
cone. This compliance Cu may take the simple form of a bead or cor- 
rugation pressed into the voice coil form. The response characteristic of 
a conventional loud speaker with a compliance between the voice coil and 
cone is shown in Fig. 7.7B. In the equivalent electrical circuit the com- 
pliance Cjf shunts the cone impedance Zua. Comparing with Fig. 1.1 A 
it will be seen that there is some attenuation at the higher frequencies. 
However, the attenuation is nut large. 'Hiis is due to the fact that the 
impedance %uo dues not increase appreciably with frequency. At the 
higher freiiucncius a light cone, in particular, docs not vibrate as a piston. 
In a lai^ diameter light cone the action changes gradually from piston 
action to wave propagation at the higher frequencies. As ii consequence, 
the Impedance does nut increase directly with the frequency. In some loud 
speakers zhq actually decreases with frequency at the higher frequencies. 

C. Land Speaker with a Compliance Shunting; a CompHanee and Mast 
in Parallel Connected in Series with Cone Impedance. — In a radio receiver 
it is desirable to attenuate the resjKinne at 10,000 cycles so that the 10,000 
cycle adjacent channel lx:at note will not lie reproduced. A parallel cir- 
cuit inserted in series with a line causes high attenuation at the resonance 
frequency. See Sec. 4.9. By inserting a parallel cinniit in series with the 
voice coil and cone the response will be reduced at the resonance frequency. 
The amount of attenuation will de|K*nd upon the magnitude of the resis- 
tance in the compliance. An example of this system is shown in Fig. 7.7C. 
The compliance and mass are Wa ond C’.ui. Comparing with Fig. 1.1 A the 
attenuation at 10,000 cycles is about 25 db. 'liiis system is also easy to 
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A. Upper Lcfb-Hind. Cro»-aectiofial view of a cxxirenaonAl anl loud apcAker and the eqmTAlent electricAl dicuir of the 

caI ijritem. In the equivalent drciun m the iham of the voice coiL %}sc the mfc hn ninl df the 

The graph ibowi the prcttnie raponfic frequency chAracteriAtic. 
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fabricnte. Two snitable corrugations are 
pressed into a single voice caW tomi. 

D. Loi4ii Speaker wUh n “ T ’’ Type Filter 
Conneeling the Voice Coil Mast and the Cone 
Impedance. — This system, Fig. 7.7D, con- 
sists of two parallel resonant circuits, or a 
parallel resonant circuit tnt and Cin con- 
nected to the bottom of the voice coil of 
the system of Fig, 7.7C. ITte equivalent 
electrical circuit is also shown in Fig. 7.7D. 
The system then is a ” T ** type low pass 
filter connecting the coil and cone. See Sec. 
4.10. Very high attenuation is obtained at the 
I'csonnnce frequency of the arms. The 
8pun.*ie frequency characteristic of this system 
is shown in Fig, 7.7Z). Comparing with 
Fig, 7.7/f the attenuation at 10,000 cycles 
is 35 db. I'hu attenuation is also quite high 
above 10,000 cycles. As in the other sys- 
tems it is mode by simply pressing three 
corrugations into a single voice cfiil form. 

Several mechanical networks for con- 
tndling and suppressing the response of a 
loud s)x:aker nt the high frct|uencics have 
iK'cn deacrilKil. 'fhe cost of the system is 
very small compared to an electrical circuit 
for occonqilishing the same result Ixxause 
the networlu are made by simply placing 
corrugations in the voice coil form. 'I'hese 
example.*! also iiluxtrntc the value of equiv- 
alent electrical circuits in designing and 
in pretlicting the action of mechanical 
systems. 

7.8* Loud Speaker Baffles, — A baffle is 
a partition which may be usetl with an 
acoustic radiator to increase the eflFcctive 
length of the acoustic transmission path 
Ixitwecn the front and back of the radiator. 
The term baffle is commonly applied to a 
plane surface. When a direct radiator 
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loud speaker is mounted in* a baffle, there exists a 180^ phase difference 
between the Iront and back of the cone. When the baffle is small com- 
pared to the wavelength the system is an acoustic doublet. See Sec. 2.3. 
In this frequency range the power output for constant velocity is propor- 
tional to the fourth power of the ii^uency. When the baffle is large 
compared to the wavelength, the two aides of the cone act independently 
and the power output is proportional to the square of the frequency. See 
Sec. 2 , 2 , In the case of a mass controlled system the velocity is inversely 



mniioKv nmucHcv 


Fra. 7.8. yf, Pnaaure reaponM frequenqr duncteriicici of a miM oontroUed direct mdiator 
djniirnk: loud ipeiiker mounted in 2-, 3-, 4- and (f-foot square baffles, ff. Renponae fre- 
quency chanctenatic of a mam auitnill^ direct radiator dynamic loud tiKaker mounted 
in nn irregular baffle. 

proportional to the frequency. Therefore, in the case of the large baffle 
the output will be ind^endent of frequency. See Sec. 7.2. However, 
when the dimensions of the baffle are small compared to the wavelength, 
the power output in the case of a moss controlled system is proportional 
to the square of the frequency. In this range the low frequency response 
falls off rapidly. The resfionse characteristicH of a mass controlled cone loud 
speaker mounted in various sizes of square baffles arc shown in Fig. 

The transition between doublet operation and independent operation is 
quite marked. This transition point occurs when the dimensions of the 
baffle are slightly less than one half wavelength. Above the transition 
frequency the response is practically independent of the frequency. Below 
this frequency the response falls off about 6 db per octave. 

In the case of a cone in a square baffle the path from the front to the 
back is practically the same for all possible paths. Therefore, some pecu- 
liarities in the response would be expected when the acoustic path from 
the front to back is equal to a wavelength. At this frequency the sound 
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that is diffracted around the baffle and transmitted forward will interfere 
destructively with the radiation from the front. The response choroc* 
teristics of Fig. 7.8/f show " dips *’ in the response when the acoustic path 
from front to back is a wavelength. Using an irregular baffle, Fig. 7.8J9, 
it is possible to reduce this interference and obtain a uniform response 
characteristic. In this baffle the various paths from front to back differ 
and the destructive interference is spread over a wide frequency range. 
The response characteristics of an irregular baffle, Fig. 7.8ff, show that the 
dip in the response characteristic of the square baffle is eliminated by the 
use of an irregular baffle. 

As pointed out in the early part of this chapter, low efficiency at the 
high A^uencies is primarily the result of the inherent mass reactance of 
the vibrating system. Inefficiency at the low frequencies is primarily due 
to a small radiation resistance. 'Fhe large flat l^ffle is not suitable for 
commercial sound reproduction in which appearance is a factor. There- 
fore, most commercial sound reproducers are housed in some form of cabi- 
net which may be styled to conform with the surroundings. Tliese cabi- 
nets and other acoustic networks associated with the loud speaker are 
designed to yield the maximum efficiency at the low frequencies. It is 
the purpose of the sections which follow to describe some of the means 
for improving the response of a direct radiator loud speaker at the low 
frequencies. 



Fio. 7.9. A Oirect nuliator loud ipcaker mounted in a topical radio receiver cabinet. The 

graph ihowt the presaute ropoHM frequency charactcrutic of this lyttem. 

7.0. Cabinet Reproducers. — 'I'he most common housing for a direct 
radiator loud speaker is the conventional open back cabinet which also 
houses the radio chassis or phonograph mechanism (Fig. 7.9). These 
range in size from the largest console type to the smallest midget. From 
the 8tand)X}int of sound reproduction the principle is the some in all. 
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namely t to proride a baffle for the loud speaker. In the case of the 
midget cabinets the sound path from the front to the back is verjr small and 
the low frequency sounds are not reproduced. In the case of the large 
console cabinets the acoustic path length is sufficiently large to insure 
good reproduction of low frequencies. One of the most troublesome acous* 
tical factors in conventional cabinets is the resonance in the enclosure back 
of the cone. This resonance is termed cabinet resonance. The system 
may be considered from the standpoint of lumped or distributed constants. 
In the case of most systems, the latter viewpoint seems to yield better 
agreement with experiment. The cabinet enclosing the back of the cone 
may be considered to be a pipe with distributed constants. The termina- 
tion at the back may be considered to be the same os that of a piston. 
The first resonance occurs when the velocity at the back is high and the 
pressure at the cone is high. At this frequency the efficiency of the entire 
system is relatively high and the response is accentuated. The response 
characteristic on a typical console cabinet U shown in Fig. 7.9. It will 
be seen that the response is accentuated in the range between 100 and 200 
cycles. In order to maintain the response below 100 cycles the fiindo^ 
mental resonance of the cone and its suspension system is usually placed 
somewhere in the neighborhood of 80 cycles. It will be seen that satis- 
factory response is maintained down to 70 cycles. The accentuation of 
the response due to cabinet resonance is most noticeable on speech in the 
accentuation of low frequency response which reduces the articulation and 
destroys the naturalness. 

It is possible to reduce the response in the region of cabinet resonance 
by means of electrical compensation in the amplifier feeding the loud 
speaker. 

Helmholtz resonators tuned to the frequency of cabinet resonance may 
be placed within the cabinet at the point of high pressure. The Helmholtz 
resonator shunts the cabinet network and, therefore, reduces the response 
at the resonant frequency. See Sec. 4.9. 

For wide range reproduction acoustical networks are Incorporated in 
the cabinet to improve the coupling between the cone and the air at the 
low frequencies. It is the purpose of the sections which follow to describe 
some of these systems. 

7.10. Back Bnclosed Cabinet Loud Speaker. — A reproducer with the 
back of the cabinet completely enclosed is shown in Fig. 7.10. At the low 
frequencies the system is a simple source. See Sec. 2.2. The output will 
be independent of the frequency if the system is mass controlled, that is, 
if the velocity of the cone is inversely proportional to the frequency. -This 
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condition is fiillillcd above the resonance frequency of the system. Below 
the resonance frequency the output falls off rapidly with frequency, A 
consideration of the equivalent circuit shows that the fundamental reso- 
nance of the system is influenced by both the acoustic capacitance of the 
suspension system and the acoustic capacitance of the cabinet volume. 
The response frequency characteristic with and without the back on the 



Pia 7.10. Duk encIoKtl knid ipenker and tha equirideot circuit of the ecouidcal aTitein. 
Me tfao inerttna of the cone. Cm the ecouiric ctpactMice of the ■lopeiuion fysten. 
Ma end m the inertnnee end acoustic renitence of the tir kml upon the nont of the cone. 
Cav the acoustic caradtance of the cabiiKC volutoe. 'Che prenute f of the paemtor in 
the acoustic system is the force gejwrated in the voice coii divided by the sras of the cone. 
The {Measure tea|ionae frequency charvctcrUtic of the back enclosed cabinet is labeled B 
on the gni{)h. 'llte {ireuure m(x)nie lTei{uency characteristic with the bock removed is 
labeled on the graph. 

cabinet is shown by the graph of Ftg. 7.10. It will be seen that the re- 
sponse with the hack enclosed cabinet is sujxtrior to the conventional open 
hack cabinet. This is in general the cases providing the fundamental 
resonance frequency of the cone is made sufliciently low. The low fre- 
quency rcajionse of the o]K‘n back cabinet falls ofF more rapidly with de- 
crease in the frequency than that of the closed cabinet. This is due to the 
fact that the o]>en back cabinet acts as a doublet while the closed back 
cabinet acts os a simple source. See Secs. 2.2 and 23 , Thu power output 
of a doublet for constant velocity is proportional to the fourth power of 
the frequency while the power ouqiut of a simple source is proportional 
to the square of the fre(]uency. As a consequencct the power output of 
a back enclosed cabinet will Ixr independent of the frequency above the fun- 
damental resonance frequency of the system. 

7.11. Acoustic Phase Invertor ^ — The acoustic phase inverter consists 
of a direct radiator loud speaker mechanism mounted in a bock enclosed 
cabinet with a pipe coupling the cabinet volume to the air (Fig. 7.11). 


‘Dickey, Caul tun and Perry, Radie EiigineeHngt Vol. 8 , No. 2, p. 104, 1936. 
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The equivalent circuit of this aystem is olao shown in Fig. 7-11. TJc 
phase of the volume currents on the front and back of the cone cliftcrs by 
180*. Referring to the equivalent circuit of Fig. 7.11, the volume currents 
in the branches 1 and 2 of the equivalent circuit may diflFer by ns much os 
180* for the case of positive reactances with no resistance in branches 1 
and 2, and a pure capacitance for the branch 3. The phase will be reduced 



Vm, 7.11. JPhiK umrttf loud ipeaker and the ennivalent circuit of the ncouaticnl syitenu 
Afa the uurtanoe of the cone. Cu the aannac capacitance of the atiajicnidiin ayatom. 
Mji and rjiA the inertance and the iwiatance of the ur load ujinn the front uf ihc cone. 
Car the acoQitic capadtance of the cabinet volume. Wr ond rar the inertanou nrwl aciniatic 
twUatioa leaUtaitoe of the tube. The preanire p of the generator in the acouatic Hyatcm is 
the force generated in the vnioe coil divided by the area of the cone. 'ITic jwwuurc 
Aequency duncteriatic of the phaae inverter loud ipeaker ia Inbelcd H on the Ine 

ptnaure frequency characteriatic of a loud apeakcr in a tyiucul cabinet having 

the aaine vonune as the phm inverter ie labeled yf on the graph. (After Dickey, Caui^ 
and Beny.) (Courtesy of The Blakiatoti Company from Olaon and Maatu, '* Aiqdiod 

Acouida.’^ 

when resistance is introduced. However, the resistance in direct rntliator 
systems is low compared to the reactances in the system and the crinstants 
may be chosen so that the volume currents issuing fmni the front <if the 
cone and the tube are practically in phase, 'lliis system increiisc.*i the 
radiation resistance and decreases the reactance of a direct rndiiittir loud 
speaker at the low fiequencies. The response frequency chaructei'istic 
of the acoustic phase inverter^ as compart to the respon.se obtained on 
the same loud speaker mounted in a cabinet with the back o|icn, is shown 
in Fig. 7.11. The low frequency range is eatendetl, cabinet rcsonanix: is 
eliminated and a smoother response characteristic is obtained. 

7.1ft. Acouatlcal Labyrinth Loud Speaker*. — The acoustical Inbyrinth 
loud speaker consists of an absorbent walled conduit with one enil tightly 
coupled to the back of the cone of a direct loud speaker mechanism anil the 


•Olney, Beiy., yoMr, Atmu. Sk. Amtr., Vd. 8, No. 2, p, 104, 19.V). 
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other end opening in front or at the bottom of the cabinet within which it 
is folded (Fig. 7.12). The labyrinth is a piston driven tube with absorb- 
ing walls. At the first half wavelength resonance the velocity at the open 
end is in phase with that at the front of the cone. The radiation, then, 
from both sources is additive and the response is increased. An increase 
in response can lie obtained over about an octave. The rising absorption 
of the tube lining with increase in frequency damps out the higher reao- 



PM WJW (muHT PWC 



Pta. 7,12. Acouftkal labyrinth loud Bpcakcr. The cijuiralenc atnught axU damped pipe la 
ahown above, 'llie prcMute lesponic choracteriatic of the labyrinth kxid aneaker ia labeled 
A on the amph. ’ilie proaaurc roaimnac Gharacteriatic of the cuiTea|»nding cabinet loud 
aneaker ia labeled /i on the graph. (After Oincy.) (Cdurtciy of I'hc Hlakiaton Conipauy 
from Olaon and Maboi, “ Apjilied Acnuatica,’*) 

nances. 'I'hc transmission through the tube is very low above 150 cycles. 
An anti-resonance occurs when the tube is one quarter wavelength long. 
The deleterious effect of the fundamental resonance of the cone with its 
Rus{K‘nsion system u{x)n the res{X)nse may be eliminntetl by choosing the 
constants so that fundamental restmance of the loud s^ieaker coincides 
with the quarter wavelength anri-rcsonnnee of the tube. 'I'hc response 
characteristic of a direct radiator loud speaker with and without n laby- 
rinth is shown in Kig. 7.12. 'I’hese characteristics show that the accen- 
tuated rc8|xmse due to cabinet resonance has Ixx'ti eliminated and that the 
low frequency range has been extended. 

7.13. Combination Horn and Direct Radiator Loud Speaker — The 
combination horn and direct radiator loud speaker consists of ci horn 
couplctl to the hack side of a direct radiator loud speaker mechanism and 


^Ohoii and Hackicy, Proc, hut. Rad. Vol. 24, No. 12, p. 15S7, 1936. 
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an Bcoiutic capadtance for changing the output from the horn to the open 
aide of the cone for reproduction of the mid and high fre(iuency ranges 
(Fig. 7.13). At low frequencies the reactance of the acoustic capacitonccj 
equivalent circuit, Fig. 7.13, is large compared to the impedance z^n at 
the throat of the folded horn. Therefore, the cone is coupled directly to 
the horn in this range. The combination of a horn and cone loud s^icaker 
mechanism yields high effidency and smooth response at the low frequen- 
des. In the system shown in Fig. 7.13 at 150 cycles the reactance of the 
acoustic capacitance Cii becomes equal to the throat impedance Zjn, 



to. 7.11 Svtion^ Twwi of the oomluudoo barn ■nd direct mdUtor lowl fpeMber. Ilio 
■tnmt au eqdrtleot of the folded horn U ibowo above. In the ciiuivaiciit electrical 
dremt « ^ ocogrtical lyttemi Mq the iocrtince of the cone. Cm; tne neousde ernnad. 
tanra of the cow luapeiuin i/a and ru die inertance and the acoustic reabtance of die 
Mr load upoa clw front of the cooe. Cat the ocouadc capacitance of the chambw behind 
the COM. the impedance at the throat of the horn. 'ITie driving nrauute * in the 
;^eal aj^ la the force generated in the voia coil divided by tfo area of the ctMie. 
Sr ?! Ll.!r“ yni^tapoim charactefiadc of the combinadem horn ami dimt 

^ ^ “"‘1 din** radiator action la ahown hr 

^dotted and daaW (Wteriadca. (After Olaon and Hockley.) (Courtcay of Tt» 
Blakutxm Company from Olaon and Mama “ Applied Acouadcs.”) ^ 


^erefore, above ISO cycles the response from the horn is attenuated. 
T^c major portion of the output above ISO cycles issues from the front of 
Ae cone and the system behaves as a simple direct radiator loud speaker, 
ine u« of a horn as coupling means between the cone and the air makes 
It p^ible to obtain large power outputs from a small diameter ctmc A 
small diimeter cone is particularly suitable for gootl efficiency, wide ancle 
distribution and smooth response as a direct radiator loud stieaker for the 
mid an^igh frequencyjrangw. A cone with a single coll may be used 
for reproduction to 7(X)0 cycles. For reproduction to 12,000 cycles a 
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dwble voice coil is used. The response characteristic of this loud speaker 
with a double voice coil is shovm in Fig. 7.13. 

^ 7.14. Feedback Applied to a Loud Speakec. — Feedback in a transmis- 
sion system or a section thereof is the returning of a fraction of the output 
to the input. Negative feedback is feedback which results in decreasing the 
amplification. Among the sources of nonlinear distortion and nonuniform 
response in a reproducing system may be the power amplifier and loud 
speaker. It is possible to reduce distortion and improve the response as a 
function of the frequency of an amplifier by making the amplification 
deliberately higher than necessary and then feeding the output bock in 
such a way as to throw away excess gain. In the some way this system 
may be made to include the loud speaker. It is not on easy proposition 



Km. 7.H. Loutl ajioaker and amplifier feedback antetna. A. Ttie out]nt of the ^cknp coU 
ia into the input aide of the amplifior. B, llie output of the mictopbone ii lied into 
the input aide of the amplifier. 'Ilie gnmh ahowa the preeaute responae characteriaties of 
ajntom jI\ 1. without feeilback, 2. with (wback, 3, with feedback and oompenaatkin. 

to employ feedback in this way because of the very special control required 
of phase shifts in the amplifier and loud speaker system. Unless certain 
phase relations *<’ ore maintained, uscillation will occur. Figure 7.14 shows 
feedback applied to an amplifier and loud speaker. In Fig. 7.t4/f a pick- 
up coil is attached to the cone. The output from the pickup coil is fed 
into the input of the amplifier out of phase with the signal input. The 
response characteristic of the amplifier loud speaker without feedback is 
shown in Fig. 7.14, The same loud s]>enker and amplifier with 15 db nega^ 
tivc feedback from the pickup coil are also shown in Fig. 7.14. It will be 


* Nvquist, H., BeH Sjtl, Teth. Jour., Vol. 1 1. No. 1, p. 12(>, 1932. 

* Black, H. C., Bell Sy:t. Tech. Jour., Vol. 13, No. 1, p. I, 1934. 
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seen that the reaponw at the high ftequendes ia improved. This aystem 
tend* to drive the cone at conatatit velocity for constant signal voltage 
Input. Therefore, the response will fall off below the point of ultimate 
resistance, because the radiation resistance falls off 6 db per octave in this 
range. See Fig. 7.1. The response may be made uniform with respect 
to' frequency by compensation of the input to the system. 

- A feedbaek s}ratem employing an amplifier, loud speaker and microphone 
is shown in Fig. 7.14R. If a pressure operated microphone having uniform 
sensitivity with respect to friKjiicncy is used the response characteristic of 
the lotid speaker will become more uniform as the amount of feedback is 
increased. 

7JI{. N o nlin e ar Dlstortloii. — Acoustical and electrical networks are 

■ 

assumed to be invariable; that is, the constants and connections of the 
network or system do not vary or change with time. In one type of 
variable-circuit element the variations which occur are controlled by out- 
side forces which do not appear in the equations or statements of the 



Fia. 7.15. Cran-Kctional view of die vibrating iTMeni of a dynamic loud apcaker mounted 
in a liuge bnffle. Indieeqiuralantrimiit: aw thenunofthceoncand coil, « 4 Bndrj/i 
tbe nuuB nod tbe nKehani^ raUtance of the air load. Cus the oompUance of the auipen- 
aion. fit the inechaiiical driving fbroc. The e^oivalenc circuit imiicata the effect of the 
twnlinear elemmt Cum. Hh graph ahowa the diatortion fiequen^ characceriitica far inpuu 
to tbe voice coil of 2, 5 and 10 watta reapecdfely. 


problem. In another type of variable-circuit element, the variation is 
not an explicit time function, but a function of the current and its deriva- 
tives which is flowing through the circuit. 

Tlie outside diaphragm suspension is an example of the latter type of 
variable-circuit element. It appears that practically all types of suspen- 
sion systems ore nonlinear. TTie srifiness is not a constant, but is a func- 
tion of the amplitude ^d in general increases for the larger amplitudes. 
A conventioniU dynamic loud speaker and the equivalent electrical circuit 
arc shown in Fig. 7.15. Above the fundamental resonance frequency the 
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velocity is not appreciably afiected by the suspension because the reac- 
tance of the compliance Cue is small compared to the impedance of the 
remainder of the system. Below the resonance frequency the reactance of 
the compliance is the controlling impedance. In this range the nonlinear 
characteristics of the suspension will be most marked. The characteristics 
of Fig. 7.15 show the total distortion for 2 , 5 and 10 watts input to the loud 
speaker. The distortion increases with input and with decrease of the 
frequency. The fundamental resonance frequency of this loud speaker 
occurred at 80 cycles. It will be seen that the distortion is very small 
above the resonance frequency where the influence of the suspension com- 
pliance is small. The distortion due to the suspension system may be 
obviated by placing the fundamental resonance frequency of the loud 
speaker at the lower limit of the reproduction range. 

Inhomogeneity of the flux density through which the voice coil moves 
is another source of distortion. The result is that the driving force does 
not correspond to the voltage developed by the generator in the electrical 
driving system. Furthermore, the motional impedance is a function of 
the amplitude. This type of distortion can be eliminated by making an 
air gap of a sufficient axial length so that the voice coil remains at all times 
in a uniform field. This type of distortion can also be eliminated by mak- 
ing the voice coil longer than the air gap so that the summation of the 
products of each turn and the flux density is a constant. See Sec. 8.3i). 

The distortions referred to above have been concerned with higher har- 
monics, that is, multiples of the fundamental. It has Ix^n analytically 
shown by Pederson that subhamionica are possible in certain vibra- 
ting systems. The existence of subharmonics in direct 1 ‘adlator loud 
speakiu^ is quite well known. It has been noticed that, by impressing a 
steady tone upion a system which produces both subharmonics and higher 
harmonics, the subharmonics arc more pr<]nounced and objectionable to the 
ear then the higher harmonics. However, by actual measurement under 
these conditions the subhnrmonic was lesa than one per cent, while the 
higher harmonics were several per cent of the fundamental. The ex- 
planation appears to be that it is more difficult to mask a low tone with 
a high tone than the reverse procedure. Another feature of subharmonic 
phenomena is the relatively long time required for “ build up.*' Con- 
ventional sound re]>roduction dix.'S not usually r^iiirc the repnxluction 
of a single isolated high frequency tone of long duration. Fur examples 
of subharmonic distortion see Sec. 8.37'^ 

I 

'“Pederson, P. O., Jonr. Acorn. Soc. Amer., Vol, 6, No. 4, p. 227, 1935. 

“ Pedenon, P. O,, Jour. Aeons, Soc. Amer., Vol, 7, No, 1, p, 64, 1936. 
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7.18. Tnuulent ReqiooM. — TTie subject of transient response em- 
braces a wide variety of physical phenomena. Electric transients concern 
electrical circuits and the components of electrical systems. Acoustic 
transients concern acoustical and mechanical systems. In view of the 
fact that the sound reproducing and collecting systems are mechanical, the 
general tendency is to assume that these systems exhibit very ptxir transient 
response characteristics. In properly designed acoustical elements the 
performance is very often far superior to the other comixjnenta used in 
sound reproducing systems. 

The b^avior of a loud speaker may be analysed by solving the differen- 
tial equations of the dynamical system. In other words, find the velocities 
of the elements of the system which, when substituted in the differential 
equations, will satisfy the initial and final conditions. Hie solution of a 
di£ferential equation may be divided into the steady state term and the 
transient term. The operational calculus is of great value in obtaining 
the transient response of a mechanical or acoustical system to a suddenly 
impressed force or pressure. 

The general analysis used by Heaviside is applicable to any typo of vi- 
brating system whether electrical, mechanic^ or acoustical. It is the 
purpose of this section to show the response of the conventional direct 
radiatxir loud speaker to a suddenly applied unit force. 

The equivalent circuit of the dynamic loud sfteaker at the low frei|ucncie8 
is shown in Fig. 7.3. The differential equation for the system of Fig. 7.3 is 

mi + ruri =/uo 7.12 


where x ■■ displacement, 

/ifo ~ mechanical driving force, In tlynes, 
m ~ mass, in grams, 

Cit " compliance of the suspensions system, in centimeters 

dyne, and 

Ti/r " total mechanical resistance, mechanical ohms. 

The total mechanical resistance is 


per 


fj/r " fits + fua + fua 7.13 

where rjfs " mechanical resistance due to losses in the suspension system, 

etc., in mechanical ohms, 

fuB “ mechanical radiation resistance, in mechanical ohms, and 

fjw “ mechanical resistance due to the electrical system, in me- 
chanical ohms. 
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The meclianical resistance tau is the sum of all the losses in the suspension) 
the viscosity of the grill and. cloth coverings and the viscosity loss due to 
the air forced tlirough the slit formed by the air gap and voice coil. 

l<rom equation 7.6 the mechanical impedance zau due to the electrical 
circuit is 


stjrs " Turn 


TO* 

rn 


7.14 


where B = flux density, in gausses, 

/ length of the voice coil conductor, in centimeters, 
rvp " Tmo + rjw, 

f^ 2 > damped resistance of the voice coil, in abohms, and 

rsa ~ internal resistance of the generator (the vacuum tube), in 

abohms. 

'rhe mechanical radiation resistance ruz is given by equation 5.10. It 
may be obtained directly from the graph of Fig. 5.1. 

The mass m is the sum of the cone mass and the mass of the air load 
upon the cone. The mechanical moss reactance of the air load upon a 
cone may be obtained from equation 5.10. It may be obtained directly 
from the graph of Fig. 5.1. 

Heaviside’s unextended problem’*''* is os follows: Given a linear net- 
work of n meshes in a state of equilibrium, find its response when a unit 
force is applied to any mesh. The unit function is defined to be a force 
which is Zero for / < 0 and unity fur ^ > 0. 

The indicial mechanical admittance of the circuit of Fig. 7.3 is 


A{f)~ 


1 


rj/r + mp + 


1 


7.15 


Cup 


where p is employed os a symlxil fur the differentiation with respect to the 
independent voi'iable, time. 

Let 

ruT 

“ *■ — 

2m 



'* Carson, " lilectric Circuit Theory and Operational Calculus/' McGraw-Hill 
Hook Co., New York. 

** Bush, “ Operational Circuit Analyua,” John Wiley and Sons, New York. 
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The indidal admittance may be written 




1 




tau it + ot)* + «* 


7.16 


From tables of operational fotmuiaa, the solution is 


yf(/) 


1 


»iw 


sin fid/ 


7.17 


Figwe 7.1 6 shows the effect of the impedance of the vacuum tube upon the 
transient response of a loud speaker. In this case the loud spieaker is con- 
nected to the following generators; a very high impedance corresponding 
to pentode or Class B ” operation; a generator of one half the resistance 



Tiue IN SECONDS 


Fio. 7.16. The tnnsiiuit mfiorue of ■ 12-inch louij spcitlccr to n unit force for varioui types 
of pnerstDtB. A, Cicnerstor of very high resistance. B. (iciicrator having a rcaitttsnce of 
oae-hilf of the loud s}iesker itnpet lance. C. Generator of mpo iiuixtUncc. 

of the loud speaker corresponding to class " A ” o{Krntioii; and to a gen- 
erator of veiy low impedance corresponding to inverse feedback operation. 
The impedance characteristic of the loud speaker is shown by the up|)er- 
most left-hand graph of Fig. 7.17. 'ITiis example shows that the damping 
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exerted by the electrical system is of consequence. However^ there is 
very little difference between Class " A ’* and feedback operation. 

When a loud speaker operates fhim a high impedance vacuum tube 
amplifier, the internal mechanical resistance of the loud speaker is the 
major factor influencing the transient response. IHgurc 7.17 shows 
response of a 12-inch (10-inch diameter cone) loud speaker to a unit force 
for various values of mechanical resistance. In order to correlate the 



Fto. 7.17. 'Hie unit force reiixHue of r loud ipeaker cnujiled to a getwnitor of very hl^ 
renitance fur different valuu of the internal mechanical rouitance. 'Ilic impedance 
(luency charactcnatica indicate the degree of internal damping. 


response with actual systems, the impeilance frequency characteristic for 
each system is also shown, 'I'hese characteristics ore for a loud speaker 
coupled to a generator with very high internal impeilance. h'or this type 
of operation it is customary to provide a large mechanical resistance Vunt 
the second and third conditions of lug. 7.17. 

Mgures 7.16 and 7.17 show that the “ hangover ” in properly designed 
and operated loud speakers Is very small. Of course, the syatems are im- 
proved 08 the fundamental resonance frequency is lowered. In some of 
the small receivers employing relatively high impedance power amplifiers 
driving loud siieakers having the fundanicntal resonance above 100 cycles, 
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the responac to truuients U usually very poor because the mtemal me- 
chanical resistance is not sufficiently large. Of course, the stcmly state 
response with respect to frequency is usually not very sm<M)rh and the 
nonlinear distortion is quite large in these receivers. A.«i a cimseiiucnce 
the poor transient response U masked by these distortions. * 

7.17. Dlnphragnu (Conw) and Voice Coils. ~ The diaphragm or cone 
of practically all. direct radiator loud speakers in use t(»-day is made of 
paper. The cone shown in Fig. 7.1ZA is mode by a felting pwaress and the 
cone and corrugated suspension are matle in one piece, 'i'he corrugationa 
in the conical portion of the diaphragm act as conij^iancea. 'Hie ixirtiona 
between ^e compli^cea vibrate essentially as a whole. ‘Jlu* resultant 
structure is then similar to that of a low pass filter. See Sec. 4. 1()D, ITie 



LIATWI 
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Fio. 7.18, Cooa Md voice colk Sectional viewi. 
cone with leither ountife MipuuHiii. C. 
D» Voitt coil with acfgewiic wound ribboiK 


j/. FeM jwjier ciww. A Devefciijed 
Voice »nl wiHiml with nnintl wii^ 


«mpl.ances to reduce the effective mnas of the vibrating system 

ootaide niqxnaion la uaed with thia cinic Kor voiie .'nl ,vn, 
pensions. 1710 inside suspension is some form of slotteil disk. 'I'lu- miraitl.. 

solder-d m ^ ’S' '-'’W- ‘ he ends of llie voio,; n»il oru 

PC... . mahe “ 'ZhS 
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cleanincufl are required which introduce a loss. In addition, the space 
factor in round wire introduces a loss. By using edgewise wound ribbon, 
Fig. 7.18D, the space factor is improved and mote conductor can be placed 
in the air gap, 

7.18. Field Structures. — Five typical electromagnetic and permanent 
magnet field stmctutea ore shown in Fig. 7.19. The most widely used 
field structure for use with direct radiator loud speakers u depicted in 
Fg. 7.19/f. During the past few years materials for permanent magnets 



Fio.7,19. Field stnictarei. A end B electronuigiMtic type] C, D end £, pemunent 

magnet type. 


have been improved and it is now possible to obtain high flux densities In 
structures of reasonable size. These new alloys'^ are combinations of 
aluminum, nickel, cobalt and iron and have been termed “ Alnico.” Three 
typical magnet structures employing these alloys are shown in Figs. 7.19C, 
7.197J and 7.19E. For the design of field structures the reader is referred 
to texts on magnetic circuit design. 

7.19. Edgh Frequency Sound Dletrlbutor — The diameter of the 
vibrating surface of multiple cones decreases with increase in frequency 
and as a result the directional pattern is essentially independent of the 
frequency. Sec Sec. 7.3 and 7.5. When a single uncorrugated cone is 
used to cover the high frequency range the directional pattern becomes 
quite narrow at the higher frequencies. By means of a distributor con- 
sisting of vanes it is possible to spread the high frequency radiation and 
thereby maintain uniform directional characteristics with respect to the 
frequency. The high frequency contours of equal phase for a cone with 
and without a distributor is shown in Figs. 7.20/f and 7.20R. The radius 

“ Adams, T. Q., G. R, Rniem, Vol. 41, No. 12, p, 518, 1938, 

“ Underhill, “ Magnets,” McGraw-Hill Book Co,, New York. 

“Olson, H. F., U. S, Patent 2,102,212. 
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of curvature of the wave front with the distributor l)cing considerably less 
than that of the plain cone shows that the distributor broadens the radia- 
tion pattern. The vertical section, Fig. 7.20C, shows that the distributor 



VCflTKAL UCTION 


Flo. 7.20, High (raquency lound diitributon ibr direct ndlftnr loud spoaken. A, The 
oontDuir of equil phue for a pUin cone, B, The horiionnd cmMccdonal view uf a cone 
with B vane diidbutor uul the oontour of equal phaie. C. The vertical crosi-iectiont] 
view of I cone with a vane diitributor. 

will not broaden the pattern in this direction. In general, in radio or 
phonograph reproduction the required vertical plane of spread is quite 
small. If a broader pattern is required in this plane crossed vanes may 
be used. 
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8.1. Introduction. — Lafge scitle reproduction of sound) involving several 

acoustical wattS) is quite commonplace. Since high power audio 
quency amplifiers are costly, it is logical to reduce the amplifier output to a 
minimum by the use of high efficiency loud speakers. At the present time, 
horn loud speakers seem to be the only satisfactory high efficiency system 
for large scale sound reproduction . A horn loud speaker ^ • consists of 

on electrically or mechanically driven diaphragm coupled to a horn. The 
principle virtue of a horn resides in the possibility of presenting practically 
any value of acoustic resistance to the generator. This feature is extremely 
valuable for obtaining maximum overall efficiency in the design of the 
acoustic system. Employing a suitable combination of horns, directional 
characteristics which are independent of the frequency, as well as practi- 
cally any type of directional pattern, may he obtained, llie combination 
of high efficiency and the possibility of any directional pattern makes the 
horn loud speaker particularly suitable for large scale reproduction. For 
applications requiring high quality reproduction of intense sound, some 
consideration should be given to the introduction of frequencies not present 
in the output due to nonlinearity of the operating characteristics of the 
elements which constitute the vibrating system of the loud speaker. It 
is the purpose of this chapter to consider the principal factors which influ- 
ence and govern the efficiency, distortion and power handling charac- 
teristics of a horn loud speaker and to describe several horn loud speaker 
systems. 

8.2. Effldency — The efficiency of a loud speaker is the ratio of the 
useful power output to the signal power input. For all latge scale repro- 
duction of sound, efficiency is an important consideration. Specifically, 

' Hanna and Slepian, Jour. A.I.E.E.y Vol. 43, No. 3, p. 251, 1924. 

*Wcnte and Thuraa, Beil Syjt. Tech. Jour.y Vol, 7, No. 1, p. 140, 1928. 

*01tH)n, H. F., .7o«r. Aeons. Soe. Amer.^ Vol. 2, No. 4, p. 242, 1931. 

* Wente and ThuniB, Jour. A.I.E.K,. Vol. S3, No. 1, p. 17, 1934. 

‘Olson, H. F., RCA Review, Vol. 2, No. 2, p. 265, 1937. 

« Wente and Thiiros, Jour. A.f.E.E., Vnl. 43, No. 3, p. 251, 1924, 

» Olson, H. F., RCA Review. Vol. 2, No. 2, p. 265, 1937. 

• Mnssn, F,, hieclrvuics, Vol, 10, No. 4, p, 30, 1937. 
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the efficiency depends primarily upon the flux density^ the niiuw uiul rlir 
density-resistivity product of the voice aiil, the nuuu of the iliaphrtigm, 
the ratio of the diaphragm to the throat area, the ilimcnsionH «if the iiir 
chamber, the area of the diaphragm and the voice coil temperature. Sunic 
of the factors are interrelated and others ore independent; aa a consitiiietu'c, 
it is impoasible to depict in one set of characteristics the eflect of the variiKia 
parameters. Therefore, the design of a horn loud speaker is u.Hually a long 
and tedious task. The labor is further increased when economic consid- 
erations are involved. It is believed that n general conaiderntion ol’ the 
problem, together with a series of characteristics, is valuable for initiating 
the design of a loud speaker and for facilitating the determination of the 
ultimate constants. The throat impedance and directioitnl charactcriKticn 
of a large number of representative horns were given in Secs. 5. 1'^ and 2.R. 
From these characteristics it is possible to inteqx)late the chomcteristic ttf 
practically any horn and thus eliminate considerable initial work in the 
design of a horn loud speaker. It is the purpKise of this section to consider 
the effect of the various parameters, referred to above, upon the efficiency 
of a horn loud speaker and to include characteristics depicting the influence 
of these parameters upon the performance, 

A. The Relation ietween the Voiee Coil MaeSt the I lond Ri'sistauet atui the 
Initial Bffieiency. — Initial efficiency is the ratio of souiul power output ti • 
electrical power input in the system in which the mechanical reactance in 
negligible and in which all the mechanical resistance may he uttrilnitetl to 
radiation. In moat loud speakers the mechanical reactance of the vihniting 
system is negligible in the upper low frequency range. Near the cutoir of 
the horn the reactive component at the throat of the horn is relatively large. 
Furthermore, the mechanical rcactojice due to thestiffnesKof the diaphragm 
may be comparable to the other mechanical imixxlances in the sysrem. 
Nevertheless, the starting point in moat horn loud siKakcr designs is ii 
determination of the initial efficiency. 'Phis Is logical Iwcnuse the mccliuii- 
ical reactances referred to above are usually chosen so their effecr u|Km tlic 
efficiency characteristic in the upper |{)w frequency range is very small, 1 1 
is the purpose of this section to discuss briefly the factors which influence 
the initial efficiency and to include a family of curves showing the effect <»f 
the flux density, the voice coil moss, the throat area, anil the diaphragm 
diameter upon the initial efficiency. 'Ilic motional impeitnnce in 
ohms, is given by (see Sec. 6.2). 



tu 


X U)-» 


8.1 
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where B =■ flux density, in gausses, 

/ length rif wire in the voice coil, in centimeters, and 
Zii a mcchanicnl inijicdniice of the vihmting system, in mechanical 

tdmiH, iit the ixunt /u Mg. 8.1, 



Fio. 8.1, Cran-MCDonat rl«w of s bom loud ipeiW , the electrictl drenit uid eq nlraleat 
electricti circuit of the mectutiical ■yitem. In the voice coll drcult: t the Intenu voltatt 
of the genemtor, raa the intsmel reiletenoe of the generetor. h the inductuice of the 
Taice c^. Tmh tlu damped reiistance uf the vdoc coil sjfjf the tnodonal impedance. 
In the equivalent electrical circuit of the nuchanical eyatemt mA and ruA the maaa and 
nuGadon reditajice due to the air load on the bock of the diaphragm. »o and Ms the 
maaa of the voice coil and diaphram. Cj/s nnd Cu i the conujlianoe of the suapendon and 

iiir chamber, a, i/y/ the mechnnienT impedance at the throat of the horn, Sife the nieehan< 

ical impedance due to the elcctricnl arcuit. /j/ the force generated in tbe voice coil, /an 
the force of the mechanica I generator. 


'life efficiency I’t-’*' tent, is 



^WiW 

t'ltn + f'Ku 


X 100 



where Tku rcHlstaiicc conipunent of the niotionnt resistance, in ohms, OJid 

rgn ■■ tIaiuiKtl resLstance of the voice ctiil, in ohms. 

In the w|iiivalcnt electrical circuit, Mg. 8.1, the impedance Zu at/jr is 
given by 

Si/ ** Mill A + fUA + /WOTW +/«W/s + T'7> i" wi TT 

jaCuH juCmZuii + 1 


where niA ■* miias uf the nir load on the Imck of the diaphragm, in grama, 

tita ^ nmiut of the voice coil, in grams, 
t/iD *■ nmw of the diaphragm, in grams, 

fifA ^ resistance load on the hack of the diaphragm, in mechanical 

uhma, 

Cus ■* compliance of the suH|x:n8ion, in centimeters per dyne. 

Cm “ compliance of the air chamber, in centimeters jw dyne, 
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Ztia *■ fMii +jxuii * impedance of the throat of the horn, in 

mechanical ohms, 

fun "• resistance of the throat of the hum, in mechanical ohms, and 
Xmoi * reactance of the throat of the horn, in mechanical ohms. 


For initial eiHciency coiisideradons, the reactance of the mechanical 
syatem is assumed to be negligible compared to the radiation resistance, 
that is, ffla, me, Md, Cm» I /Cun and xuii are zero. ruA is also negligible. 
Then 


Zar “ run 




where ™ area of the diaphragm, in square centimeters, and 

Ar ~ area of the throat, in square centimeters. 

Substituting equations 8.1 and 8.4 in equation 8.2 



^ 

/ 42/^i)*rai>\ 

\ ) 


X 100 

10 “ +£• 


The resistance * rjio is given by 

rsn 





where q ~ resistivity of the voice coil material, in ohms, per centimeter 

cube, 

/ = length of the conductor, in centimeters, and 
S = area of the conductor, in square centimeters. 


Then (5) becomes 






X too 


10“ + a* 



The moss of the coil, tfht is 

We ^ iSp grams 8.8 

where p "* density, in grams per cubic centimeter. 


^Ibe vcnce coil electrinl cirniit is shown in Fig. 8.1. rgo is the torn! dnnipcd 
reustanoe of the voice coil and includes skin effect and hysteresis losses in the iron. 
L U the iixluctance of the voice coil. As shown in lug. 7.4, the ini|Kxlnncc of the 
voice coil increases at the high frequencies due to the reactance of L and an increase 
in resistance due to akin effect and hysteresis losses in the iron circuit. In order to 
simplify these considerations the damped resistance will Iw assumed to lie the 
same as the ohmic (d.c.) resistance. 
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The efficiency may be writtcHi employing equation 8.8, aa 



jy 

\ ntoAr / 


X 100 



I'or a particular material gp is a ettnstant. Rc|uatiun 8.9 gives the efficiency 
in ternia nf and AtfJAr. 'rhe efficiency as fi function of Aj^fAr 

fur aluminum voice coils of 0.1, 0.25, 0.5, 1, 2, 4, and 8 grams and flux 




Kicl 8.2. 'Ilu initini oflidcncv of a honi knifl ftpu^nkur as a fiincrion for aluminum 

v<Hcc cnilii having nimaws nfO^U 0.25, 0.5, J.2, 4, utkl K Drama and fluic ikniiticii cif 22,000 
iirul 14/XK) gauncti* ///j ami ./r are the arisjui of the (liaphrigm and iliniRr, romecti vt4yi 
in Mjitiirc cenrimeten. Hliu above gmtths may be a]){4iuil to a cup])cr voice cdl oy muld- 
the ratio Aiu!^ + by cHie-haJr. 


densities of 22,0(X) and 14,000 gaitsscs is shown in Tug. 8.2. The chnrnc- 
tcHstics of I'lg. 8.2 almi n])ply to a cop|X'r voice coil if the aliscissn are 
multiplied by 0.5. lu|iiation H.9 niul Mg. 8.2 show the factors which 
influence the initini efficiency of a horn loud s|x.'nkcr. 

H. The Effect ttf the Mass of the Vibiyithin^ System upon (he Efficiency. — In 
the preceding section the mcchnnicat rciictanec of the vibrating system 
was a.siiumed to l>e negligible conipnretl to the mechanical resi.stance. 'J'he 
mcchnnicnl moss renctnnee of the clinphmgm anti voice coil influences 
the efficiency when thi.s mechanical reactance IxTome-H comparable to the 
mechanical resistance. 1 1 is the piir|)osc of this section tr) I'on.sidcr the cflect 
of the mechanical reactance tif the vibrating syatem u|v>n the efficiency. 

The real part of the motional im]X‘tlniiix‘, etjujition B.l, is 


rtsn 



I0“* ohm.s 


8.10 
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where fu - resistive component of the vibrating system, in mechanical 

ohms, and 

#if - reactive component of the vibrating system, in mechanical 

ohms. 

In this' discussion, let 

Xif » (ffiD + fftc) 8.H 


At the high fieqaendes the reactance due to Cun and xua is negligible 
compared to the reactance due to the moss of the diaphragm. In order 
to divorce the effect of the air chamber from the effect of the mass of the 
diaphragm, the capadtance Cai will be assumed to be isero. For the same 
reason Tma wiU be assumed to be zero, lliese effects will be considered in 
following sections. The mechanical resistance ru then bea)me8 the hom 
throat resistance ruB» The throat mechanical resistance is given by 


fua " 42y^r 


8.12 


where Jr area of the throat, in square centimeters, 
equation 8.10 in 8.2, the effdency becomes 



(RQVjf// 

ranCrj/n* + + iBi)*rMH 


X 100 


Substituting 



This e3q)re88ion shows that the effidency is a function of the flux density, 
the coil mass and material, the diaphragm mass, the thntnt resistance and 
the frequency. The efHdency characteristics for ratios of voice coil moss 
to diaphragm mass of 1 : 1 and 1 : 2, and flux densities of 22, (XX), f4,(X)0 
gausses for an aluminum voice coil is shown in Fig. 8.3. 'I'hc character- 
istics of Fig. 8.3 are applicable to a copper voice coil by multiplying the 
absdasa by 0.5. In order to connect with the characteristics of initial effl- 
dency of Fig. 8.2, these curves are depicted in terms of the initial efficiency 
(20, 40, 60, and 80 per cent). This data shows that it is comparatively 
simple to obtain high efficiencies at the lower frequencies. However, at 
the higher frequendes the effidency is limited by the moss of the diaphragm 
and voice coil. 

C. The Effect qf the Air Chamber upon the Efficiency i. The 
result of the preceding sections Were obtained by assuming the capacitance 


“Hanna and Slepian, Jettr. AJ.EE.^ Vol. 42, No. X n. 251. 1924. 
“ Wente and Thunu, Bell Sytt. Tech. Jour.. Vol, 7, No. 1 , p. 
“Oloon, H. F-. Anus. Soe. Amer. Vol. 2, No. 4, p. 242, 19.11. 
“ Wente and Thuros, Jour. AJ.E.E.. Vol. SliNo. 1, n! 17, 

« Olson, H. F., RCA ^ew, Vol. 2, No. 2, p. 265, 1937. 


1^11. 140, 1928. 
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of the air chamber to be zero. In general, it is impractical to design a high 
efficiency loud speaker to cover a wide frequency range without an air 
chamber, because the diaphragm area U usually larger than the throat 
area. In order to eliminate interference the dimensions of the elements of 



Fra. 8.3. The effldcncf chencteriidct u t (bnctiDn of the frequencjr of e bora loud apMlur 

having a ratio of voice coil mnii to diaphragni man of 1 1 3 and 1 i 6ux denaltiei 
of 22,000 am] 14^000 gauanai and irutial effldendei of 20, 40, 60, nnd 80 per cent hr an 
aluminum ooiL 'Ilie nbove gmphi may be applied to i copper voice coil by mtilciplying 
the frequency by one-half. 


the air chamber arc usually mode smalj compared to the wavelength. 
When these conditions obtain, the volume of the air chamber appears as 
a capacitance. At the higher frequencies, the mechanical impedance at 
the throat of the horn is resistive, the mechanical reactance of the suapen.- 
sion is very small and the mechanical impedance of the diaphragm system 
is a mass reactance, llie equivalent circuit reduces to a mechanical 
resistance and compliance in parallel connected in series with a mass 
reactance. It is the purpose of this section to show the effect of the air 
chamber upon the efficiency from the standpoint of this equivalent circuit. 
The mechanical impedance of a mechanical resistance and capacitance in 
parallel, which is the equivalent circuit of' the throat mechanic^ resistance 
and capacitance of the air chamber, is given by 

run 

^ 1 + jtartrsCui 


8.14 
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where run * mechenical resistance at the horn thn>nt> in niechnnicit] ohinS) 

and 

Cjin ■■ compliance of the air cham her. 

The throat mechanical resistance run is given hy equation R.12. 'I’lie 
mechanical compliancej Sec. 4.4> of the air chamber is given by 



8.15 


where An ■> area of the diaphragm, in square ceiitinietent, 

V » volume of the air chamber, in cubic centimeters, 
p B density of air, in grams jvr cubic centimeter, and 
f ™ velodty of sound, in centimeters per suanul. 



Fto. 8.4* Tho eflidetKy chiracterutici ii ji ruticrion nf tlw riTijut-'ficy of a v«iii'r roil inil 
ditphrugm hv/w% i niocluuiicftl reactance of one fihni ur HMKf cyi U^n nmjfltsl cr» u ilinsrtt 
of a born hnviiig a mechiDical reriitanoe of one nhm ami un air cliiimlH.T having tlh* fiilltw- 
ing rcftctuicesi tn iniiiuce reactance* B* a capacimncc rcuctaniir of one nhin ni 2fHK) 
c^tlea iJid acaptcitance reactance of one ohm at I (MX) cydua fetr initial ctni'ionnaH 

40, 60 and 90 per oenL* Theoe characterUrici ire a|iplicuble to nrhcr frcipinu'icw liy niultl- 
pMng the frequency by any number and multiplying the maw aiul the cu}Yiiriiiince by tho 
redproctl of mt oumbtf* 


Referring to the system shown in Fig* 8, 1, it in cihviniis that tln' rHver of 
the air chamber will be to reduce the reoctanc'c of the .syKtem nt the high 
frequencies and thereby increase the efficiency over a wide range . 
Figure 8.4 shows the efficiency characteristics of n system consisting of ii 
voice coil and diaphragm having a mechanical reactance uf 1 oil in nt KXK) 
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cycles coupled to the throat of & horn having a mechanical resistance of 1 
ohm and an air chamber having a mechanicd reactance of 1 ohm at 1000, 
2000 and an infinite reactance for on initial efficiency of 20 per cent, 40 per 
cent, 60 per cent, and 80 per cent. These characteristics are applicable 
to other frequencies by multiplying the abscissa by any number and, of 
course, multiplying the mass and the capacitance by the leciprocal of the 
number. These characteristics are also applicable for other values of r 
and m by simply multiplyii^ these two factors by the same number and 
the capacitance by the reciprocal of that numb^. The characteristics 
shown in big. 8.4 have included mass, compliance products which cover the 
useful range of values — larger products result in a peaked characteristic, 
smaller values do not show much deviation from zero value of capacitance. 

D. The E^eet qf the Cenerator Jmpedwee and the Impedanee at the 
Throat of the Horn upon the Efficieney. — Due to the impracticability of 
a horn mouth diameter comparable to the wavelength for low frequency 
loud speakers, it is interesting to note that a relatively smooth output 
characteristic can be obtained from a horn having an impedance char- 
acteristic varying over wide limits. Near the cutofiF of both finite and 
infinite exponential horns the radiation resistance at the throat is small 
and the positive reactance large. The compliance of the suspension sys- 
tem should be chosen so that its capacitive reactance balances the posi- 
tive reactance due to the throat. For example, consider a moving coil 
mechanism coupletl to the throat of a horn and fed by a vacuum tube 
amplifier; the sound power output is the real part of 


Power 



1 

8.16 


where the motional resistance, in ohms, zku from equation 8.1, is 


ZSit “ 


^{rAn +jxAH) 



where 


B = air gap flux, in gausses, 

/ — length of wire in the voice coil, in centimeters, 

/f = area of the diaphragm, in square centimeters, 
rAu “ acoustic resistance at the throat, in acoustic ohnu, 
xau ™ acoustic reactance at the throat, in acoustic ohms, and 
Xu ~ mechanical reactance of the diaphragm, suspension and coil 

system, in mechanical ohms. 
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From the voice coil electrical circuit. Fig. 8.1, the total electrical impedance 
%MT in ohnu at ^ is 

zar ■» rRD + rso + jfuL + Zmu 


where fan ■ voice coil resistance, in ohms, 

rta •• amplifier output resistance, in ohms, 

L ■> inductance of the voice coil, in henries, and 
i ~ amplifier open circuit voltage, in volts. 

Equation 8.16 shows that the throat acoustic resistance may vary over 
wide limits without introducing laige variations in the jMiwcr output. As 

a specific example, Iilg. 8.5 
shows the iiower output as a 
function of the frequency for a 
horn, having all dimensions two 
and one half times that of Fig. 
S.SB and driven hy a vacuum 
tube having the constants indi- 
cated by the caption of Mg. 8.5. 
w® Although the variation in acous- 
tic resistance is 6 to I the varia- 



100 

racQucNCY 


tion power ouq^iit is only 2 dh. 

E. The FJfeef of the Foice Coil 
TempeiYiture ifpoti the Ifjjiciency 
ITie effect of the tuni|X'raturu 


Fio. P ow er ootput diAracteriatlc of the hom 
(Fig. S£B with ill cfimeiifliofii multipricd by 
Id coupled to E lOMneh diunetori 1<Xgram 
diaphngni driTen hj • 5-gnuii aluininuni Toioe 
coil in E field of 20/)00 gEUM DiDipKl 
raiftEnce of Toioe ooU, 20 ohmi. ImpodEnoe ^ i • 
of vECuom tube dinnigh E trEnifbrmefi ^ ohnii. oi the VOLCC coil upon thu eflv- 

cicncy is usual ignored in con- 

siderations of the performance of a loud speaker. In high iJower loud 

spedeers, where tht temperature of the voice coil benimca i|uitc high, 

considerable loos in efficiency may result as will be shown in the discussion 
which follows. 

The efficiency of a loud speaker, when the temperature 
added, nuy be expressed 


is 


fsit 


raotCl +£*/)+ t’Mu 


8.17 


where rsBo 


a « 


damped resistance of the voice coil at ()* Centigrade, 

temperature coefficient of resistance, O.fXHZl for nhimintim 
and 0.00427 for copper, 
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/ " temperature of the voice coil, in degrees Centigrade, and 
raiif “ motional resistance of the voice coil, 

The^ efficiency aa a function of the temperature for various values of initial 
efficiency at 0** Centigrade is shown in Fig. 8.6. These characteristics 
show that the relative losses in efficiency with increase in temperature is 
considerably greater for a loud speaker with low efficiency. 

K. Tht Eiffcet <\f the RadtaHon Jrom the Unloaded Side of the 'Diaphragm 
npott the E^cieney, In the consideration of the efficiency, usually very 
little cognizance la taken of the radiation from the bock of the diaphragm 



■I' ■ ’ ■ t ■ -I ■ I 1 ■ I 1 1 I 

0 so too lao soo tso aoo 

TCUPCRATUNC SUC IN DOCRCCS CENTIOn/Mie 


Fio. fl/i. 'Ilw efficiency ■■ « function of the tempencurc of the voice coil for varloui vehtet 

of Inldnl efficiency nt 0^ Centigrade. 

of a horn loud speaker. In view of the large amount of sound that is 
radiated from the bock of the diaphragm, some consideration should be 
given to the effect of this radiation upon the efficiency. Since this radia- 
tion cannot be used, it must be considered as n loss the same as the resistance 
loss in the voice coil. 'I'he loss due to the reactive component is usually 
small compared to the reactance of the remainder of the system. 

'Fhc radiation from the back of the diaphragm may be assumed to be 
the same os that from a piston in an infinite baffie. Sec Sec. 5.7 and 
Fig. 5.1. llic percentage of the total radiation which is lost due to the 
radiation from the bock is given by 

Efficiency loss «■ — X 100 8.18 

TuA + Tuu 
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where ram •" radiatioti reaistaDce at the throat of the horn, and 

i’atjL radiadoii resiataiice of the bock of the diaphragm from Sec. 5.7« 

Both in the same nnita. 

The chamcteristica depicting the Joss due to radiation from the bach of 
the diaphragm for ‘diametei'S of 2, 4j 8, and 16 inches and various ratios of 
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Pko. ft.7* Cbnimcterlittci depiedng the loes in per cent nf the total rafliadon, due to tba 
rodUtlQii of khukI from the back nf rhe diaphragm of a horn loud R|ieiiktfr (or diametcfa of 
^ 8 ami 16iiicfiei and dimit arcaa of 2, 1, j and 1 dmcd the liiaphragm aitii 


throat orcR to diaphragm area are shown in Fig. 8.7. These characteristics 
show diat the loas is indeed quite high. 

6.3» Nonllnoar Dlstortloii. — In general the ])ower input to (or the 

power output oO a loud speaker is limited by the generation of spurious 
harmonics or subharmonics. The limiting factor may lx; due to oil' 
overload, excessive amplitudes whei*e Hookc^a law no longer holds, non- 
linear dements, variable voice coil air gap flux product or non fundamental 
vibration modes of the diaphragm. It is the pur|x^e of this section to 
consider the moat common forms of nonlinear distortion in horn loud 
speakers. 

A. DistorJion Dw /o //ir Over/o(ul in the hlm^n — A sound wave of 
large amplitude cannot be propagated in air without a change in the 
wave form and, ns a result, the production of harmonics. If equal podtivc 

**Rocitrcl, Comtes Refu/nsj Vol. 196, p. 161, 1933, 

^ Thumi, Jenkins and 0*Nciljj7o^* Aeous. AV. Amer,^ Vo|. 6, No. 3, p. 173, 1935. 

^ Goldstein and McLachlin, Aeous^ Soe, Amer,^ Vol. 6 , No. 4 , p. 275 , 1935 , 
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and negative changes in pressure are impressed upon a mass of (ur the 
resultant changes in voliime will not be the same. The volume change for 
an increase in pressure will lie less than the volume change for an equal 
decrease in pressure. From a physical viewpoint the cliatoition' may be 
said to be due to the nonlinearity of the air. 

In the derivation of the fundamental wave equation the second order 
terms were omitted. If these terms are included the magnitude of the 
harmonic frequencies may be determined from the differential equation. 
The subject has been investigated both theoretically and experimentally 
by a number of investigators. In the cose of an exponential horn for 
constant sound power oittput, the distortion is proportional to the 
frequency. Further, the nearer the observation frequency is to the 
cutoff frequency the smaller the distortion. 

The distorrion due to nonlinearity of the air is at the present time one 
of the most important as welt os the most troublesome factors in the design 
of high efficiency loud speakers for large outputs. In order to obtain high 
efficiency, particularly at the higher frequencies, it is necessary to couple 
the relativdy heavy diaphragm to a throat small in area compared to the 
diaphragm. For a certain allowable distortion the power output is directly 
proportional to the area of the throat. Obviously, to deliver large sound 
outputs with .small distortion requires a very large throat which may be 
suitably coupled to a correspondingly laige diaphragm ur a latge number of 
lighdy driven small throat units. 

The power “ which can be transmitted per square centimeter of throat 
area of an infinite exponential horn ns n hinctiun of the ratio of the fre- 
quency under consideration to the cutoff frequency with the production 
of 1, 3 and 10 per cent distortion is shown in Mg. 8.8. For the sake of 
generality the curves shown in Fig. 8.8 refer to an infinite horn. How- 
ever, the increase in power which may Iw transmitteil by a practical finite 
horn is only a few per cent greater than that shown in Jog. 8.8, because 
very little distortion is generated in the laige cross-scctionnl area near the 
mouth of the horn. 

It may be mentioned in passing that the multiple flare horn (see Sec. 5.23) 
provides a means of decreasing the ilistortion because the rate of flare is 
very rapid near the diaphragm and, therefore, the pix;ssures are rapidly 
reduced with respect to the distance from the diaphragm. 

D. Dhfortion Duelo FaritUion in Volume of- Air Chamber ^. — In general, 
acoustical, mechanical and electrical networks arc assumed to be invariable; 


“Olson, H. R, RCA Revitw, Vol. 2, No. 2. n. 265, 1937. 
“OUon, H. F., HCA Review, Vol. 2, No. 2, p. 265, 1937. 
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that is the constants and connections of the network do not vary or change 
with time. A network which includes a circuit element that varies con- 
tinuously or discontinuouflly with time is callal a variable network. In 
some coses the variable elements are assumed to be certain' functions of 



rREqtiEHcr t curorr . raEquENcy 

Fn. 8.8. The power output of infinite exponential home, per square centimeter of cliraat 
ana, (or I, 3 and 10 per cent distorriniii u a function of the ratio of the frequency under 
OQJiaidenitioa to the cutoiT fiequeiKy. 


the time; that is, the variations are controlled by outside forces which do 
not appear in the equations or statement of the problem. In another type 
of variable circuit element the variation is nut an explicit time function, 
but a function of the current (and its derivatives) which is flowing through 
the circuit. 

An example of the latter type of circuit element in an acoustical system 
is the air chamber capacitance in a horn loud sjieaker. The excursions 
of the diaphragm changes the capacitance, llie acoustic capacitance of 
the air chamber of Fig. BS is given by 


^ + x) 

/»f* pi* 



where p ■■ density of air, in grams per cubic centimeter, 
c * velocity of sound, in centimeters per second, 

■■ volume of the air chamber, in cubic centimeters. 
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A B projected area of the air chamber upon the diaphragm, in square 

centimeters, 

d n distance lx^twecn the diaphragm and front boundary of the air 
chamber in the absence of motion, in centimeters, and 
X displacement of the diaphragm, in centimeters. 

The equivalent circuit of the mechanical system shows the effect of the 
nonlinear clement upon the sound power output. In the cose of a single 
frequency the distortion which this element introduces is small, because 
for constant sound power output the amplitude of the diaphragm is inversely 
proportional to the frequency. At low frequencies where the amplitude 
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Fio. 8.9. A mechmiiain with in air chamber coupling tha diaphmgm to the horn. The 
variation in ralunM of the air chamber introduces a nonKnear elancnt in the fetm of the 
acouitic capacitance Cai. The eqmvnlent elecericnl circuit indicates the efioet of the non- 
linear clement upon the ayitcm. The wave ahapa of the electrical input and the acouitical 
output (or a low, high, and o combination of a high and a low frcquencjr illuatratn the 
effett of the nonDnear element upon the acoustkal output. 


of the diaphragm may be so large that the volume of the air chamber 
becomes alternately zero and two times the normal volume, the acoustic 
reactance of the acoustic capacitance is very small compared to the acoustic 
resistance of the horn. St^ Fig. 8.9. At the high fivqucncies where the 
acoustic reactance of the acoustic capacitance is comparable to the acoustic 
resistance, the amplitude of the diaphragm for the same output is so smalt 
that the variation in acoustic capacitance may be neglected. See Fig. 
However, the conditions arc different when both a high and a low frequency 
ore impressed upon the same system. Under these conditions considerable 
change in capacitance occurs due to the large amplitudes of the diaphragm 
for the impressed low frequency. The resultant change in capacitance 
introduces a variable element for the impressed high frequency which may 
have variations in impedance as large as the imp^ance of die other ele- 
ments of the system. The result is shown in Fig. 8.9. When this con- 
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didon obtftuia, particularly with close spacing between the diaphragm and 
thp front boundary of the air chamber, the distnrtinn may Ik* trcmendtinH. 
Physically the low ii^uency modulates the high frequency. 

In the above discussion the air chamber is assumed to Iw a pure acoustic 
capacitance. This assumption is not correct at the higher frctiuencies 
where the dimensions of the air chamber are comparable to the wavelength. 
R^ardless of the form of this acoustic impedance, it is, nevertheless, a 
function of the spacing between the diaphragm and the air chamber and is 
therefore a nonlinear element. 

C. Distortion Due to the Diapitrogfn Suspension System — n'he outside 
suspension is another example of a variable circuit element in nn acoustic 
system. In certain types or, as a matter of fact, for unlimitetl amplitudcH 
in all types of suspension systems the stiffness is nut a constant, but a 
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Fta. 8.10, MechaDtifii having t iHaphragtn with a nonlinvnr iU 9 ]wnfi]i)n Hvaicni. K4|iiiviilcnt 

dremt of the vibrating lyarem itul the wave ohaiiei inclicatcii tlw cftlTi of ibi* ittMiIincar 

clement The graph ihom a tyracnl diitortion characteristic titiiHinctI «n an K-inch 

diameter diaphragm coupled to a large throat hom and deli veri rig un acirtiaiii' imiiixii i*f 
3 watts* 

Unction of the amplitude End| in gcncrnli incrunsen ftir Hu* InruiT nmiili- 

mdc9. ' 

In the case of a horn loud speaker the nni]ilitudc of the diaphragm ft>r 
constant sound power output is inversely pro|>ortional to tiu* frwjueiu'y. 
Furthermore, the mechanic^ impedance iK'amies cfimpnrahlc to the other 
impedances in the system at the lower frctiucncies, ConHcciucntly, the 
greatest distortion due to the suspension system will occur at the low fre- 
quency end of the working range. 

" Olson, H, R, RCA Rfvicwy Vol. 2, No, 2, p, 265, 1937. 
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The equivalent circuit of the mechanical system, Fig. 8.10, shows the 
effect of the nonlinear element. When the stiffness of the suspension 
system increEises with amplitude, the third harmonic is the preponderant 
distortion. The wave shape under these conditions is shown in Fig. 8.10. 
A distortion frequency characteristic of a diaphragm coupled to a large 
throat horn is shown in Fig. 8.10. 

D. ’Distortion Duo to a Nonuni/arm Magnetic Field in the dir Gap, — * 
Inhomogeneity of the flux density through which the voice coil moves is 
another source of distortion. The result is that the driving force does not 
correspond to the voltage developed by the generator in the electrical 
system. 

The force, in dynes, developed by the interaction of the current in the 
voice coil and the magnetic fidd is 

/ - Bli 8.20 

where B «■ flux density, in gausses, 

/ » length of the voice coil conductor, in centimeters, and 
I ^ current, in abamperea. 




Fio. 8.II. Graph of the flat diatributloti in m air oap.^ d. Typical dlatribudon of die flux 
linea in an air gap. B. A voioe coil kwger than die uir gap. C. A voice coil aliortar than 
the air gap. 

m 

Equation 8.20 shows that the force is directly proportional to the current 
if Bi is a constant. If the Bl product varies with the position of the voice 
coil the force will not be proportional to the current and distordon will 
result. A typical flux distribution in an air gap is shown in Fig. 8.11. A 
consideration of the flux distribution shows that the Bl product will be 
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practically a constant if the voice .coil is mode longer than the air ga|)| 
because as the coil moves into the weaker tufting field on one side it moves 
into a stronger field on the other side. From the standpoint of efficiency 
at the higher fi^uencies this method is not particularly desirable because 
port of the voice coil is in a weak field. This type of distortion can also 
be eliminated by making the air gap of sufficient axial length so that the 
voice coil remains at all times in a uniform field as shown in Fig. 8,11. 
The latter method is usually used for high frequency loud speakers of high 
efficiency. Also see Sec. 7.15. 

E. Subfiarmonie Df J/onfmn ~ The distortions referred to above 

have been concerned with higher harmonics^ that is, multiples of the 
fundamental. It has been analytically shown that subharmonica ore 


e ££ a f 



Fro. 8.12. A ■yitem coiutidiig of ■ moM an driven by k crank at a frequency / end a leoood 
OMU fupported by ■ spring coupled to M| vibrating with n fraiucncy 11ie craro- 
•ecdonal view of the cone shtm a aimiUr syitein and illiutratcs how sublunnonici may 
be pnxluoed by a loud ipcuker. 

possible in certain vibrating systems. Figure 8.12 illustrates the mech- 
anism of one type of aubharmonic. The driven moss nii at the end of the 
bar vibrates at a frequency/ while the moss mt vibrates at a frequency 
\f. In the some way a cone, Fig. 8.12, will vibrate at a subharmonic fre- 
quency. The existence of subharmonics in direct radiator loud speakers 
is well known. However, in horn loud speakers the diaphragms are rela- 
tively small and quite rigid. Consequently the conditions for the pro- 
duction of subharmonics are not particularly favorable. Circular corru- 
gations in the diaphragm or cone may be us^ to increase the stifRiess and 
thereby reduce the tendency to break into subhormonic vibrations. Also 
see Sec. 7.15. 


•• Pedersen, P. O., %«r. /icons. Sac. Avaer.^ Vol. 6, No. 4, p. 227, 1935. 
■ Pederson, .P. O., jous'. Aeons. Soc. Amtt.^ Vol. 7, No. 1, p. 64, 1936. 
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F. Pmofr Ilandlittg Capacity and the Voice Coil Temperature *^. — The 
niaxinuini allowable distortion may determine the power rating for the 
loud spcEiker. However, in certain loud speakers the maximum allowable 
temperature of the voice coil determines the power rating. This is par- 
ticularly true of high fret|uency loud S)K‘ukers. 

I)y making the efficiency a maximum, the dissipation in, and tlie resulting 
temperature of, the voice coil for a certain acoustic output will be a min- 
imum. Practically all the heat energy developed in the voice coil la 
transmitted across the thin air film between the voice coil and the pole 



Fto. A.I.!. The tempermture Hm; «■ ■ fgnerion uf tlie power ilelivercd tn ■ veuee cioil (br iiir 
gap dcnranccH rk folliiwii: 0.(121 inch, B. 0.015 inch, C. (MXtQinch. Ctiil I i inch in 

diameter and 0.'25 inch in length. 

pieces and from the ixilc pieces to the field structure and thcncc into the 
surrounding nir. In this heat circuit jiractically nil the drop in temper- 
ature occurs in the thin nir film. The tumpernture of the voice coil 
approaches the tem])emture of the pole pieces ns the thickness of the air 
film is decreased, '['he tcm{iemttire rises ns a function of the power dis- 
sipated in the voice coil for various clenrnnces iK'twccn the voice cuU and 
jxile piecut is shown in h'ig. 8.13. These results are obtained for no 
motion of the voice coil. When motion occurs, the thermal imp(x.lance of 
the nir film is re<luced and the tcm}>craturc of the voice coil is diminished. 


H. K, RCjI RrvieiB, Vol. 2. No. 2, p. 265, IV37. 
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G. Power Handling Capacity and the Amplitude qf the 'Diaphragm^, - 
The maiimnin alJowable wnpiitude of the diaphrogni niuither inct* 
which may determine the maximiiin allowable power output, llic jxwi 
output, in watta, of a hom loud apeaker in which tlie diaphrngni ia Cei 

minated in an acouadc resistance is 

fie(2i^dW ^ 2 

lAu 


where p » density, in grams per cubic centimeter, 

c velocity of sound, in centimeters per second^ 

/ ■> freqaency, in cycles per second, 

d maximum amplitude from its mean position, in cen ti meters, 
Ap ■■ area of the diaphragm, in square centimeteim, nnd 
An ■ area of the thi^t of the hom, in square cent! meters. 

The ompUtude of various diameter diaphragms coupled to a horn tlimal 
of one square inch for one acoustic watt output is shown in Fig. 8. 14. 

8 . 4 . Hran Loud Speolcer Systems. — A. Single Hontt Single Chnunet 
System. — The single hom, single channel system conaistn of a single horn 
driven by a ringle diaphragm. A diaphragm coupled nn cx|)onential 
hom constitutes the simplest and most widely used system . Tlie cRiciency 
characteristic of a simple exponential hom coupled to a diaphragm and coil 
having a moss ratio of 2 operating in a Held of 22,000 gnutmes iw shown in 
Hg. 8.15. Two efficiency characteristics are shown with initial efficiencies 
of 80 per cent and 50 per cent. Although it is possible to obtain reasonably 
high efficiency over a wide range with a single flare horn ccHiplal to n dia- 
phragm, the efficient con be increased by employing a niul tiple flnrc hom. 

To obtain maximum efficiency in a hom loud speaker at nny freclucncy, 
the effective reactance of the entire system should be equal to the effective 
res i s tan c e .^ This, in general, means that to obtain mnxiniuiii efficiency the 
tiuioat resistance of the hom should be proportional to the fruqueticyi 
since the reactance is primarily mass reactance and, therefore, pni|M>rtionnl 
to the frequency, llic surge resistance of the exponential horn is indc^ 
j^drat of the frequency. However, the acoustic resistance ** of a niul- 
dple ffiire horn increases with frequency as shown in Sec. 5.23. Thercfnn;, 
to OTciency is higher over a wide range than in the cnae of a horn with a 
ting e rate of flare. Tlie efficiency characteristic of the multiple flare 
om esmbed in 5.23 coupled to a diaphragm and coil having n moss 

ratio of 2 operating in a field of 22,000 gausses is shown in Pig. 8.16. ITiis 


No- 2. p. 196. 1938. 

CHsco, H. F., Jeur. Soc. Met. Piet. Eitg.^ Vol. 30, No. 5, p. 


511, 1938. 
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FRCQUENCV IN CYCLtS PER SECOND 


Fin. R.14. llw peak Rniplituilc fronocncy chit roe tens tlci of vibroring pistons of mrioua 
ama in Mjuarc irnrheH^ ctiuplct) to the throat cif « hom luiving nn area of one square Inclij 
tof one watt (njt|nir. 



1^10, 8. 1 5» RIHcicncy chsnicrcriHtic of n horn knnl mtenker employing t he horn of Fig. S,6D 

with the (hmciwtnns multi {^ietl hy three nml ilriven hy 4 ennes, 12 inches in iliHincter, with 
5 gram cn^ipcr voice culls opcrniiii^ in ii iieh) of gaunet. /}. Kifidcncy chnniecer- 

iBiic of A born loud Hpeaker employing the horn of Fig. 5.5/) with the dimeniionii multiplied 
hy one-half and driven hy a tiiaiihrwn tml an aluminum voice ail having a mnaa ratio 
oi twt> to imo n^feraring tn a ficlil of '22/XK) gnunes. C. Same tm fi save that the horn 
dimensions of Mg. $,$D art* multi [iliod by two* 
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efficiency chAracteristic u only a few per cent below the ultimate efficiency 
characteristic obtained from the envelope of the family of charncteris tica 
shown in Fig. HJ. 

The two preceding horn loud speakers are suitable for high quality rupra- 
duction of speech and music. For certain types of nitnoiince installations 
it is desirable to project intelligible speech over very great distances (one 



FRCQuCHCV rN CVCLC5 pcn second 


Fia «.li Efficun^ duractniadc of a diaphragm cniplecl to the bom of Mg. uiil 

majuina (idil of22.0(X)ini]MRM. 

ia. Witiioiit air chamber. Sw With air chamber. 


to two miles) under all manner of conditions, n’his rwiuircs nctniaric nut- 
puts of the order of from 500 to 1000 watts. 'I'lie characteristics of 
*8' - ow that it is not practical to build a horn loud &pc 4 ikcr of thiti 
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rncoucNOr 


circuit of t IiiikI upctikcr of two clegrvet of 

aniph ilwin the efficiency fraqoency charactc^^^ 

dm,!, i. rttK R. M?" Tht <■•'1'"™““"' 

8 • 7. The equivalent circuit shows n system of 
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two degrees of freedom. The compliant^ of the suspension system and the 
compliance of the air chamber are chosen so that very high efficiency is 
obtained over the range i^uired for intelligible speech. A typical effi- 
ciency characteristic of this type of loud speaker suitable for aoouadc out- 
puts of SOO to 1000 watts is shown in Fig, 8.17. Due to the lafg[e audio 

power amplifier requirements, high loud speaker efficiency is on extremely 
important economic factor. 

B. MuUipie Horn Multiple Cftattnel System, — The two channel or 
" two way ” system is the moat common example of a multichannel 



Fia 8.1S. A two chinnd theatre loud ancaker ayatem ootuitting of a folded low fluency 
hom unit and a multicellular henn high frequency unit. 11 h circuit diagram ahowa the 
electrical filter uactl to allocate the jiowut aa a function of the frequency to the two unita. 

system. 'Phis loud .speaker, Mg. 8.18, consists of a low frequency folded 
hom unit fur rcprtxluction from 40 to 300 cycles and a multicellular hom 
unit for repnnluction from 3(X) to 8000 cycles. 

In order to mininii'ze time delay and phase distortion due to a large path 
length difference lx:twecn the low and high frequency hums, the effective 
length of the low and high frequency horns must l>c practically the same. 
It has been found impossible to .satisfy this requirement in practical multi- 
channel systems. 'I'he difference in path length in the system shown in 
Mg. 8.18 is mode relatively small by employing a short folded hom 
coupled to a large diameter dynamic speaker mechanism. A further 
reduction in path length i>etwcen a short straight axis high frequency horn 
may lx: obtaincsl by shifting the high frequency unit backwards. 

'Phe high frequency horn consists of a cluster of relatively small horns 


® Wentc ami Thuraa, Jour, Vol. 5.1, No, 1. p. 17, 1934. 

"Ulllianl, J. K., Tech. lint. /ica,{. Res. Coun., March, 19.16. 
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coupled to a common throat, Fig. 8.18. The directional cliftracteriatica 
of this type of loud speaker were discussed in Sec. 2.9. Figure 8. 1 8 shows (i 
12>cell high frequency unit. The throat is coupled to one or more niech- 
anisnis depending upon the power requirements. 

An elec^c filter or dividing network is used to allocate the ptnver to the 
high and low frequency units. The filter introduces phase shift os well ns 
a loss in power of 2 or more db. 

The efficiency characteristics of the high and low frequency units of this 
loudspeaker without the filter are shown in Fig. 8. 1 5, characteristics B and 

C. Compotm^ Horn Loud Speaker*. — Thecompound horn loud ajitmlcer 
co nsi sts of a single diaphragm mechanbm wi th one aide of the diaplunigni 
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ami low fruuency homa, and tf 
Vk aec^ A.A uid is leief to the horito. 
7™* TJ* P*pli ibem the ftequency iunges 
Aonu aiu the DrertU preunre npooie charmet 


hom loud 




developed cntiinkni 




'iTie 


wd. hom and the other aide couplet! to i 
J.19. ^uivalent of the ayatem ia ahown in Wg. 8.19. 

^-nf^nmrniYTTTi *' capacitance Caa ia 

quencie. the teaetanroTt^^^ae^l^^ri^”':. 


Ohm 
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T'’ ®“* *''‘= low frequency hom niid 

mm; fnm the high frequency horn. In the mid rwge, r«Un. 

I ig. 8. 1 J, nliumi the rea|Kin»e range of the two horns. The thrants of the 

two him, mny 1* chosen so that the cmdency characteristic of this loud 

aiwaker will Iw the same as that of the two channel ayaccm discussed in the 

precciling section. However, the i»iwcr handling capacity is somewhat 

amallcr jiccnii* the ante of the diaphragm must be a corapnnnise between 
liigh nncl low fn.H|Honcy rLtiuirvmcnts, 

1). A/«////>/f //mt OMfwe/ ~ Via multiple horn sinde 

dmnnci «yatcn) consists of r large number of multiple flare horns, ewh 



CROBB SECTIOM 
or THE UNIT 






IW| 


lw| 






ASSEMDUr 


TO 

AMPUriCR 

WIHINO 
n AO RAM 


Imii. 8.2 


A iniiliiplr Itiirn, «n|||lc rhonnci nyKtffin conHiming of « rluHtcr ofinulriJlarB hor™, 

each niii|iln] lo a Miinll iliujihnigm. 


tlrivi’H by a dinphriigni, big. 8.20. A compiirinoii of the efficiency chamc- 
trrisiicB uf a miiltiflnre horn linul .H|H-aker, big. 8.16, with u multichannel 
Hyntein, b'ig. 8.15, shows ihiit the efficieneiea are of the .>Hiiiie order. The 
nniltiple horn ainglt! channel syatem eliminatcA many of the following dU- 
nclvantngea of the nni 1 rich an nel system; the phatie difference due to the 
tlilferi'iuv in path length iH-twccn the two channels; the phase diRvrenec 
and |v>wer loss in the filters and ilividing network; the nonuniform dtrec- 
lioiial characteristics due to the small si/AJ of the high fit-quency unit; 
distortion in the it'latively small thnait of the high fi\*t)uency horn, llic 
apace retpiired for the single channel .system is greater than that for tho 
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multichannel ayatem. However, from a technical stnntlpoint the single 

channel aTstcm is ht superior to the multiple channel system, 

E, Foldtd Hottu, — Tliere are innumerable ways of folding or curling n 
hom. Two diflFcrent types of folded horns arc shown in Figs, 8, 1 8 iind 8.1 9- 
The principal purpose of folding or curling n horn is to use the volume 
occupied by the horn more efficiently. Three more diffciwt^ t-yi>cs of 
ibiding are shown in Fig. 8.21 . A simple folded horn is shown in F ig. 8.2I>/. 
A folded hom with a ring shaped mouth is shown in Mg. 8.21 B. iTic 



A e C 

Fro. 8.21. Folded horns. 

directional characteristics of a ring shaped mourli nrc slinr|)cr thnn those 
of the rectangular or circular shapes having equivalent ureas. See Secs. 2.6 
and 2.7. The horn shown in Fig. 8.21 U is used fur sending out radiatiiui 
over 360° normal to the axis. It is customary to mount this loud speaker 
on a pole. 

The high frequency response is usually attenuated in a folded liurn due 

to destructive interference incurred by the difrerent path lengths of the 

sounds traversing the bends. In order to eliminate destructive interference 

the same phase should exist over any plane normal to the axis. T'his crin- 

dition is practically satbfied providing the radial dimensions at any bend 

are a fraction of the wavelength. Wide range rcprcxluction of sound 

requires a large mouth hom for efficient reproduction of low frequency 

sounds and small dimensions at the bends of a folded hom fur efficient 

reproduction of high frequency sounds. Obviously, it is practically im- 

pottible to incorporate both of these features into a single folded horn. 

It 18 true that folded horns have been used for years, but, in general, the 

response at either or both the low or high frequency ranges has liecii 
attenuated. 
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F. Biaphrcpiis and V me Coilf, — The diaphragm or cone of a horn loud 
speaker in use today is mode of aluminum alloys, molded bakelite with 
various bases, molded styrol, fiber or paper. Typical diaphragm shapes 
are shown in Pigs. 8.1, 8.9, 8.10 and 8.17. Both round wire and edgewise 
wound ribbon voice coils are u^. See Sec. 7.17. 

G. Fieid -S/rw/zm. — The field structures shown in Fig. 7.19 and 
described in Sec. 7.18 ore also used with horn loud speakers. In addition, 
certain special structures are used as, for example, Fig. 8.9. In this case 
the throat of the horn passes through the center pole. In general, it is 
customary to use higher flux densities in the tur gap of horn loud speakers. 
Soft iron may be used for the pole tips of the air gap for air gap flux densl' 
ties up to 20,000 gausses. For flux densities from 20,000 to 23,000 gausses 
special iron (Permandur) may be used for the pole tips of the air gap to 
obtain these high flux densities efficiently. 

H. Horn fFaJh* Vikration end Absorption , — In the theoretical analysis 
carried out in this chapter it has been assumed that the horn walls are 
rigid and nonabsorbing. In the case of certain materials such as wood, 
paper and fiber the absorption of sound by walls of the horn may introduce 
an attenuation of several decibels. 'Fhe absorption may be reduced by the 
application of lacquers and varnishes. The attenuation in metallic horns 
due to dissipation is negligible. The vibration of the walls of the horn 
distorts the response frequency characteristic and introduces " hangover '* 
and reverberation. I1ie response to transients is usually poor when the 
walls of the horn vibrate. 'Phis vibration may be reduced by increasing 
the thickness of the walls and by suitable bracing. The vibrations and ring 
in metallic horns may Iw reduced by coating the outside of the horn with 
deadening material such as asphalt or pitch compounds. 

•* Elmcn, G. W., Beil Syst. Tech, jQnr,t Voi. 15, No. 1, p. 113, 1936. 
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0.1. Iiifn)ductl<Hi. — A microphone u an elcctroflcoustic traneducer 
actuated by eneigy in an acouatic aystem and delivering eneigy to ao 
electrical ayatem) the wave form in the electrical aystem being aubatandaUy 
eqnivalent to that in the acoustic aystem. A pressure microphone ia a 
microphone In which the electrical response is caused by variations to pres- 
sure in the actuating sound wave. A velocity microphone is a microphone 
in which the electrical response corresponds to the particle vclodty result- 
ing from the propagation of a sound wave through an acoustic medium. 
Ail microphones in use to-day may be classified as follows; pressure) ve- 
locity or a combination pressure and velocity. For the conversion of the 
ooonsric variations into the corresponding electrical variations the follow- 
ing transducers may be nsed: carbon, magnetic) dynamic) condenser, 
crystal) magnetostrictive and hot wire. 

Microphones may also be classified as direcrional or nondirectionol. 
The particular configuration of the acoustic elements which constitu te the 
vibrating system determines the directional properties of the microphone. 
It is the purpose of this chapter to consider the microphones in moat com- 
mon. use to-day from the standpoint of the above classifications. 

0.8. PresSBrsMlcrophonafl, — A. CsriJowAftfrap/wffw. —A carbon micj^ 
phone ia a microphone which depends for its operation on the variation in re- 
sistauce of carbon contacts. The high sensitivity of this microphone ia due 
to therelay action of the carbon contacts. The carbon microphone is almost 
universally employed in telephonic communications where the prime 
requisite ia sensitivity rather than uniform response over a wide frequency 
range. For high quality reproduction the distortion may be reduced by 
employing two buttons In a push-pull arrangement. It is the purpose of 
this section to consider single and double button carbon microphones. 

1 , Single Buifon Cm'hon Mierophme. — A typical carbon microphone 
s shown in Fig. 9.1. The carbon button consists of a cylindrical cavity 
lUed with carbon granules. The carbon granules are usually made from 
ujthraatc coal. The carbon granules make contact with the diaphragm 
ind the cylindrical cup. Suitable washers are used to prevent leakage of 
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carbon granules between the diaphi'agm and carbon cup without 
eding the motion of the di(^>hragm. A displacement of the diaphragm 
luces a change in the pressure between the carbon granules which 
iges the resistance from granule to granule. The net result is a change 



^pl. Cron-Kctional view and tbo electrical circalt diagram oF a jingle btittoo carboci 
^rophone. The graph ahows the free epnee open circuit voltnge reiponae (reqaeocy 
.ractoriitlc. 


le resistance between the diaphragm and the carbon cup. For small 
Incements the change in resistance la proportional to the displacement, 
sider the circuit of Fig. 9.1 , for sinusoidal motion of the diaphragm, 
current, in amperes, in the circuit is given by 


£ 

rn + /br sin eo/ 



•e e " voltage of the battery, in volts, 

rn total resistance of the circuit when a; 0, in ohms, 

X ~ amplitude of the diaphragm, in centimeters, 
h = constant of the carbon clement, in ohms per centimeter, 
u ™ 2^, and 

/ = frequency, in cycles per second, 
ation 9.1 may be expandctl lu follows, 

tf /, hx . . 

t " — I I am at + — ~ 

Vm \ r/!B rn* 


sin* »/ 


1 1 sin Cl)/ + - — r 

rjio \ r« 2 r*,* 



cos 2(0/ . 




ation 9.2 shows that there is a steady current, an alternating cunent 
le frequency of the diaphragm vibration and harmonics of this vibnt. 
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don. For a limited frequency range of reproduction the nonlinear dia< 
tortion is not pardcularly objccdonable. 

A response frequency characteristic of the inicraphoiie shown in lug. 9.1 
u shown by the graph. The diaphragm of this microphone is a circular 
plate supported at the edge, see Sec. 3.5. Below the iundamental reso- 
nance frequency the displacement is proportional to the pressure. Since 
the change in resistance of the carbon button and the resultant developed 
voltage is proportional to the displacement, the output will be independent 
of tlie frequency below the fundamental resonance frequency. 'Hieso 
observations are supported by the response frequency characteristic which 
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F^o. 9^ Cnm-Kcdood view tnd ccitilrftkrit drctiit of an improved single button carbon 
micivplione. The open circuit voltage response chnracrcrUtica arc shown by the graph. A* 
Rcaponn in (ne spnee. A Response for conatint sound pretuure on the diii^hnigm. Dots 
computed from equivalent circuit. (After Jones.) 


depicts uniform response in the low frequency range below the funda- 
mental resonance frequency. In the rqjion of the resonance frequency 
the output is accentuated. In the range above the resonance frequency 
the response falls off rapidly with frequency in a series of peaks and dips 
which indicate ^dbrationa of the diaphragm or plate in the various modes. 


See Sec. 3.5. 


A new type of single carbon button microphone* has been developed in 
which the response is quite uniform over a wide frequency range. (Fig. 
9.2.) The conical diaphragm is made of a thin aluminum alloy. At low 
frequencies the diaphragm vibrates as a single unit. However, at the 
higher frequencies it is necessary to consider it to be mode up of three sepa- 


* Jones, W. C., Jour. A.I.E.E., Vol. 57, No. 10, p. 559, 1939. 
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rate masses. These masses consist of the central portion jb#, the ribbed 
intermediate portion and the outer portion W 4 . The central portion in- 
cludes the mass of the movable electrode and is coupled to the ribl^ portion 
by the compliance Cut which in turn is coupled to the outer portion by the 
compliance Cjn. The paper books which support the ed^ of the dia- 
phragm have a compliance Cv 4 and a mechanical resistance ri 44 . Their 
mass is included in the outer portion of the diaphi’agm m^. The internal 
mechanical resistance of the portions which form the coupling compliances 
Cm and Cm are represented by rut and rut respectively. A hole is pro- 
vided in the diaphragm to permit rapid equalization of low frequency 
pressures of high intensity and prevent damage to the diaphragm and other 
ports. The mass and the mechanical resistance of this hole mtTui is so 
chosen that their effects on the response ore confined to frequencies below 
300 cycles. The controlling compliance Cut is that of the cavity between 
the diaphragm and the die cast frame. The carbon granules ore rep- 
resented by a compliance Cm and a mechanical resistance rm- Tlte moss 
of the carbon granules is lumped with that of the central portion of the 
diaphragm. The holes in the inner grid are sufficiently large so that there 
is no reaction upon the response. The holes in the outer grill add the 
mass fng and the mechanical resistance fini. These holes arc coupled to a 
moisture proof membrane of moss wi and mechanical resistance ru\ by 
means of the compliance Cm of the enclosed cavity. The cavity com- 
pliance Ciri couples the membrane to the diaphragm. 

The response of this microphone computed from the equivalent circuit 
is shown in Fig. 9 . 2 . I'he response fur constant sound pressure on the 
diaphragm is also shown in Fig, 9.2. It will be seen that the agreement 
between the computed and meosureil characteristics is very good and sub- 
stantiates this type of analysis. The response is very much smoother 
than in the case of the plate or disk type of diaphragm. 

The free space response shown in IHg. 9.2 indicates the diffraction effect 
of the microphone as an obstacle in increasing the pressure on the dia^ 
phrogm. See Sec. 1 . II. 

In addition to the smoother response the sensitivity of the new unit is 
higher because of the reduction in mass of the vibrating system. Due to 
the shape of the carbon chamber the performance of the microphone is less 
affected by angular position. 

2 . Dofibli Button Carbon Microphone, — For applications requiring both 
high quality and large power output the single button carbon microphone 
is not suitable due to the large nonlinear distortion. 

To obtmn uniform response over a very wide range with very low dis- 
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tortion, a mic«iphonc> with a Htn-rrlHil .im|.niaHm aii.i 

buttons is uswl (!% WJ. 'riu* niivluiniiiil im|Uilaii.r ..t .i >.ft< 
diaphragm bchiw its rwonano: iVitpirmy is a siiH'n.ss ni.rlMiu. a I i * a. , . 
Therefore, a cimstant siaiml prwsiiiv on llu- iliaplira^m will -.ul.. 

stantially constant iHsphiccnK-nt. Siinv thf rhanKr iit rrhi .iiin. • .1 ihr 
carbon buttons and the resultant develnjKil voldiKr is prnjim iiMii.il !.■ ibc 
displacement, the voltage uiitpiir will Iv inili’|H'iideiii nl ihr iirijimut. 
To provide damping at the ri'iwiiinnir fnipiciuy nf ihr diapliia^m iln 
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1^0. 9,3* CnnMcciiiinat view unci rln'irlrul rirvtiit iliuiiram nf u ilmiMf* Imrfnrt, 
diiiphrigjn, nrlxm micmfihfinr. 'Hir Kniph fifniwM ttir iij«rn lirtutr mh^r ii# 

quencj chiinicturiiUc ftir ctmiiiani Miuml prn«burr im rtir i|i«t|4iiit|ttH. 


damping plate is placed very eltuu' in ihe hark nf tlir diapliragiit. Ai ihr 
diaphragm moves air is foreetl tlmaigh this sniall hparr. 'I'hr lih?h 
cosity loss in a small slit pnivides the damping. .Sr .S'r. 5.'l. In nidrt 
to reduce the stiffness, in the small spare, sniiahlr griHivrs air |'t•>% i.h'.l 
which reduce the length of the slit, The rear hiiiinM i-> in thr 

damping plate while the fnmt hiitlon is Hiip|*«irieil hv ihr hridi.':**. Ihe 
duraluminum diaphragm is gold jdnteii over ihe area orrupied h\ thr « at 
lK>n buttons to insure eontaet k'twirii the enrlwni I'raniilis and the du 
phrngm. The resonance frct|ueiH-)' of ihr sircirlied tiiapliiagni \u h-.imIIi 
placed between 5(XX) and H(X)0 cycles. .Sr .S r, .1.-1. In ihe ahn.-n. . .,| 
the damping plate the amplitude lor a coiisiaiii lorn* at the reNomiiK r i>r 
quency would k greater rliaii that below the reRotiann- |Vri|iii'tti v. Ity 
means of the damping plate the niiiphtiide at ihe I'esoitaiii e lieipn'm y * an 
be reduced to oorres|iond to that of the remainder .•! i he i angi . .\ t ,■ 

frequency characteristic of this microphone is shown in l-m. v.j. 

TTie circuit diagram for this inicmpiioiie is shown in l-’ig. h',n a 

■Jones, W. C., /?<•// .Vrjf. Tteh. Jour., Vol. in, .N'„. |, |,. io,i|, 
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t nusuiclnl motiuti of the diaphnigni the current^ in amperes, in one of the 
l>uttuns may be written as 



c 



when e ■» voltage of the battery, in volts, 

rat resistance of the circuit, when x 0, in ohnu, 

X a amplitude of the diaphragm, in centimeters, 
h ■■ constant of the carbon dement, in ohms per centimeter, 
a -■ 2i(/', and 

/ ■" frequency, in cycles per second. 

"rh e current in the other button is 


rjo “ sin at 


'X'He difference of equations 9.3 and 9.4 after expanding is, 


. . Ta/hx , 

ti — ii ■■ — 1 — am (oi 


rsiVm 


+ 


A'.v* . 


rso’ 


sin*(d/ 



9.4 


2e//;xsin<a/ , 3 A**" . ^ h*x* . 

- — { + - — - Bin at — - — rsm 3at 

raa\ rjn 4 rjnf VaT 


...) 9.5 


Oomparing equation 9.5 with equation 9.2 shows that the large second 
liiti'nionic term has been eliminatetl by the use of a push-pull two button 
microphone. 

One common cause of faulty operation of the enrbon microphone is due 
to the cohering of the carlion granules caused by the brenking of the dreuit 
w'hcn the current is flowing. The use of electric fitters as shown in the cir- 
ru i t diagram will protect the microphone against cohering. 

'X'he frequency range and response of the double button enrbon micro- 
one compares favorably with the condenser microphone. Tlic carbon 
Ti i crophone is several times more sensitive chan the condenser microphone. 
-Toxyever, the limitation is carbon noise. 

13. Condtnsn' Microphone. — A condenser microphone is a microphone 
vixich depends for its operation on variations in capadtance, The typical 
:o ndenser microphone '< consists of a thin stretched plate separated fiom a 

• ’Wente, E. C. Phji. /?«., Vol. 10, Na 1. n. 39, 1917, 

9 -^ OUon uid Mom, " Applied Acoustics, P. Blnkiston's Sun biuI Co., PhiladeL 

»tii A. 
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parallel rigid plate. 

Fig. 9.4. 

The capacity, in 


The electrical circuit of this niic«>phone i.s nh«wn in 


Btatfarads, at any instant is given l>y 
Cm “ Cjpj + Cm sin ut 


9.6 


where Cn " capacity in the absence of on applied presaure, in Htatfurnds, 
Cji “ maxiniuiii change in the capacity due to the external applied 

sinusoidal pressure, in statfarads, 

u ■■ and 

/ — frequency, in cycles per second. 



CHM*UCTPtlAL View rHEQuCMCV 

Fio. 9.4. CmMecdonal view of a condeiuer mkrophcMo. 11 iq clcctrictit drruii jihowH I he 
microphone ootUMctcd to a vncuuin tube. The ginph thows the n|)en rircuii ^ullage 
iponse Treqneiicy cliAricteristics. Roponie in free tpACc. Rcitpntinc fcir cimilanl 
aound pimure on the dinphrigm. 


From the electrical circuit 


9.7 

where Ot - polarizing voltage, in statvolts, 

fa ~ resistance of the bios resistor, in statohms, 

I — current, in statamperes, and 
f »■ time, in seconds. 

Equation 9.7 assumes that the bias resistor rma and the input impctlnncu 
of the vacuum tube is very large compared with r*. Then m mny lx* a»n- 
sidered to be in scries with C» and rg. Substituting the value uf Cg friJin 
equation 9.7 in equation 9.6 and differentiating 

iii 

(Cbd + Cgi sin oV)ra ^ + (1 + fjCnci> cos at)i — rgCW lU cos 0 9.8 
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'[lie Holuticin fif etjunrion 9.8 is 


. If I . / . # j \ 

I s= • , =; 8111 {of + ffii) 

C*bV(1/C’w«)s + r8» 


+ 4r*»Jl(l/C»«)‘ + r^\ 


Bin — ^) 


-|- teritiB of higher ortlcr 9.9 

wliepe ■» tnrr * l/fiWr* aiul ^ * tan”' l/26Vwirii. 

1'*or xniall diaphragm amplitudes, the generated voltage, in statvolts, is 

sin (cd/ 4" ^i) 9.10 



Equation 9.10 hIiows that the eoniletuser microphone * may be considered 
as II generator with an internal ojK'n circuit voltage of 



nin (u/ + 0i), in stntvolts. 



aiul an internal ini|ic{lniu'e of I/Cmcj, in statfihim. 

Equation 9.11 shnWH that the voltage is pnjjKirtionnl to the amplitude. 
'I'hcrefore, to obtain n micniphoiie in which the sensitivity in independent 
of the fre{|ueiicy the ampfituile for a con.ntant applied pre-viure must lie 
iiuU'|iendent of the frei|uency. In the range below the resonance fre- 
{|iiency the aniplituiie of a stretclusl membrane for a constant applied force 
is indejvnilent of the frequency. Si*e Sec. 3.4. 'fhe addition of the back 
plate with very close spacing intrcKliices niechnnical resistance*’* due to 
the viscosity Ios.m in the n:irr<»w slit. Stv Sec. 5.4. 'This incchanical rc- 
sistaiuv retiuci*s the amplitude at the resonanix* fretiuency. 'I'he back 
plate also intrcxluccs stiffness due to the entrapiKtl air. 'I’his stiffness can 
lie retiucetl without retlucing the mcchanienl resi.stance by cutting gnxtves 
in the hack of the plate. If the d.-imping is made sufficiently large the 
amplitude nt the fuiulainental ix’soniince frequency of the diaphragm con 
Ih? nirnlc to corrcsjxMul to that of the remainder of the range. 


^ Wente, I-:.!*”, Phvj. A’it.. VoI. 10 , No. 5 , p. m, l‘« 2 . 

^ C'ramliill, I. It., /'Aw. Kfu.-, Vo). II, No. ft, p. 44‘>, 1918. 

* Crsiulull, " Vibrating .Systems niul .Sound,’ p. 28 , I). Van NiMtnuul Co., New 

York. 
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The amplitude of the diaphragm ia given by 




fir + jiom ~ 




9,12 


where /u * applied force, in dynes, 

fjr B damping mechanical resistance of air film, in nici'hnnicjil ohnifl] 
m * effective moss of the diaphragm, in grams, 

Cjii compliance due to stiffness of the diaphragm, in cciitiiiii.'lt;Hi 

per dyne, 

Cm * compliance due to stiffness of the nir film, in ccntiinctura per 

dyne, 

- and 
/ “ frequency, in cycles per seconds 

l^uation 9.12 shows that the sensitivity below the rcsanancc frctniency 
is inversely proportional to the sdffhess nnd the mechanical ix*HisrniK'c« 
For the same fundamental resonance frequency the .stiffness can lx* re- 
duced by decreasing the mass. This procedure also ruduces the lunouiit 
of mechamcol resistance required to damp the fundamental resonance iitul 
thereby obtain uniform response. Aluminum alloys, lUm to the low den- 
sity and high tensile strei^th, are the logical materials for use in din* 
pmxgms. The minimum diaphragm thickness suitable f<ir the ninnii fnctiii’c 
of condenser microphones is about .001 inch. The capacity of ii micni- 
phoMwth a diaphragm diameter of If indies and a spacing of from .(WI 

to .002 mch IS 400 to 200 mmfds. Due to the high impalniicc of 

this capaci^ce it is necessary to locate the microphone near the vacuum 
mbe » mpliii<T. TTie capwinma of , long connecting enhie rwluec die 
uic'If 31 ’"Aont frequency ducnmination liecniue the internal inipeit. 

^ A^ragm and for eonatant free ware aound pressure ar!.. shown in 

C. Piaoeketric {Crystal^ Microphones . • 

phone n a ^icn^ h^e which d^nda upon th; gen^rlSr.'?.",;^;™;;':.: 

Nj^, U. S. Atcnt 1.495, 42if. 
phi " Applied Acmiitici 


lliT-2020, 
Pte. Eng., Vol. 18. Ho. 4. n. 
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motive force by the deformation of a crystal having piezoelectric propertiea. 
Section 6.5 ctjnsidered the piezoelectric crystal oa a driver. In the cose of 
the miemphone the reverse effect is used. 'ITic voltage generated due to 
a dcfnmtntion of the crystal is proportional to the displacement. There- 
fore* to obtain a imifornily sensitive microphone with respect to frequency 
the displnceincnt for a constant applied force must be independent of the ' 
frequency. Rochdlc salt exhibits the greatest piezoelectric activity of all 
of the known cr)’stalB. I'tir this reason it is used in audio frequency micro- 
phones. '11101% are two general clossilicAtiona of crystal microphoneSi 
namely: the direct actuated and the diaphragm actuated. In the direct 



Kki. y.5. Cryatil ek'incnta and mund celt*. A direct Bctuated cryitii microphone. A croii- 

•ectional viuw of a diaplirugin actiuttcd rrystal niicrophonca 


actiiiitetl the soiind prcastiru acts directly upon the crystal. In the dia- 
jihrngin actuated the sound prcastire acts upon a diaphragm which Is 
i‘(iupleil to a cryaial. 'Hie crystal element, iMg. 9.5, is made ii]i of two crya- 
rnls cut so that a voltage is gcneratetl when forces are applied as shown. 
*riie two t y I Hrs of Ui morph elements, namely, “ twisters ” and " benders,” arc 
siiown in Mg. 9.5. 'llie advantages of a bimorph ainstruction over the 
.single crystal are ns follows: it lends itself to a more efficient size end 
Khiipc; it lx.‘cotnes more sensitive (n gain of 15 times for practical shapes); 
it rctluces the variations of the mi*chanical and clcctncnl constants of the 


crystal ff»r changes in tern (vni hire. 'I'he tcm|x*ratiirc limits of liimnrph 
crystals arc from — *10“ I'*, to I.TIf I'*. If exixwcti to temperntui'CS in excess 
iif the crystal loses its piewx;lectric activity jicrmnncntly. The 

sensitivity or voltagii output of the crystal varies with tcm|K;ratuPe due 
primarily to n change in the cajiaci ennee and in a lesser degree to a change 

In the developed voltage. 
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1 Dina AOuattd Cryttal Microphone. — In <^^rcct actuated cryatftl 
microphone the oound pressure acts dlrecdy upon the ctystal. A coiumnn 
ftirm of sound ceU for a direct actuated crystal microphone cotisists of tw 
bimorph elements assembled as shown in Fjg. 9.5. 'iTic cavity formed by 
the two crystal elements is completely enclosed so that the application of 
on external pressure causes a deformation of the crjratol. 

The internal voltage e developed by the crya tal is 

e-K» 5-13 

where K = constant of the crystal, and 

X - cflfective amplitude of the deformation of the crystal by an 

applied force. 

The efieedve periodic force, /ir, required to produce a periodic dw- 
placement, x, in the crystal is 



where Cu — the efieedve compliance of the ciyntol. 

The force acting in the case of the direedy actuated crystal is 

/u - pA 9.15 

where p sound pressure, and 

A « elective area of the crystal. 

From equations 9.13, 9.14 and 9.15 the generated voltage is 

e - KCitAp 9. 1 6 

Equation 9.16 shows that the internal voltage generated by the micro- 
phone is in phase with the sound pressure in the sound wave. A typical 
direct actuated microphone shown in Fig. 9.5 exmsists of four sound cells. 
The use of several cells in parallel reduces the high internal imiXHlnncc on 
compared to that of the single cell. The response characteristic of snuml 
cells can be varied in design so that uniform reM|ionsc can lx; obtained up 

to 17,000 cycles. In the case of a small crystal element and an open struc- 
ture the system is nondirectional . 

2. Dinphntgtn Aehtaied Cryttol Microphone. — In the iliaphragm ac- 
tuated crystal microphone the sound pressure acta upon a diaphragm which 
in turn drives a crystal. The output of the diaphragm actuntcil tyiie is 
considerably higher than the direct actuated type because the diaphragm 
acts as a coupling unit between the relatively low impedance of the air and 
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the high impedance of the crystal. A croas-eecdonal view of a diaphrngin 
actuated crystal microphone is shown in Fig. 9.5. 

D. Moping Conductor Mierophonet, — A moving coil microphone is a 
microphone in which the output results from the moduli of a conductor in 
a magnetic held. ITie conductor may be in the form of a circular coil 
which is termctl a moving coil microphone or in the form of n sti'aight 
conductor which is termed on inductor microphone. These microphones 
are also termed dynamic microphones. 



EQUIVALCNT CIRCUIT 


0.6, CrnM-HCtriionnl vtcw and cqulvRlcnt circuit of h diaphniBiTij coil and mupciiiinn ifi 
nlwiwn above. 1*hi; vcUiriry frtnita’ncy characteristic for a unit force aikl a unit miitanoe 
Im indicati^l an Curve t on ihr ncraph. 'fhe aamc for a rcKiaUiKc of 60 unita ii indiemted aa 
Curve 2 , CmHit.fu.^tkmal view and cquivaknt circuit of a dynamic microphone ii abnwn 
bclinr, Curve .1 nti ihc lower graph ia the same u Curve 2 on the iipt>er graph. Curve 4 
ja the rcflii«)fuie with iIk tube mats added. Curve 5 ia the rcipoiiae with the cotnpliance 
Tji/a added. 

Movhfg f-W/ Mi0vphofte {Dynamic MiayipAonc) - A crt>Ha- 
KtTtiona) view nf a intwing coil mierciphone is shrmn in Vig. 9*6. The 
imitum of the cliaphmgm I» transfem^ to a coil locntul in a magnetic Held. 

’^Wente and ']Tiuru»i jtonr^ Acohj, Soc^ Amcr.^ V«l, 3, No, 1, p. 44| 1931. 
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TTie tquiTOlent circuit of the mechanical system consisting of the dift 

phrigm coil and suspension system is shown in Fig. 9.6. 

tS velocity, in centimeters per second, of the voice coil » given by 


ii 



9.17 


rm 


where rjfi - mechanical resistance of the suspension system, in mechanical 

ohms, 

mi -> mass of the diaphragm and voice coil, in grams, nnil 
Cu\ - compliance of the suspension system, in centimeters jw dyne. 

The generated internal voltage, in abvolts, is 

e - 54e 9.18 

where R • flux density in the air gap, in gausses, 

/ M length of the voice coil conductor, in centimeters, nnd 
i M velocity of the voice coil, in centimeters. 

Equation 9.18 shows that the microphone will he uniformly sensitive 
with respect to frequency if the velocity is independent of the fre<lMency. 
The characteristics 1 and 2 in Fig. 9.6 were computed hy employing etiua- 
tion 9.17. Hiese characteristics show that a uniformly sensitive dyimmiu 
microphone, with respect to frequency, must lie e.s8enrittlly " resistmicc 
controlled.*’ 

The characteristic marked 2 shows some falling off in velocity at the high 
and low frequencies. This can be corrected by the u.sc of some odd i tion nl 
elements. The major portion of the resistance is the silk cloth 
Resistance in the case of silk cloth is due to the high viscosity intnalucecl 
by the small holes. See Sec. 5.3. Slits have also ()ccn iiscil for the rc> 
sistance element. See Sec. 5.4. The moss reactance of the diriphmgin 
is reduced at the higher h^uendes by the compliance Cm fonned by the 
volume between the tilk and the diaphragm. The nddition of the elements 
Cm, fm and ms changes the characteristic at the high frequcncic.H from 
that marked 3 to that marked 5. An increase in rcsjxmsc over nn octavo 
is obtained by the addition of these elements. A crirresponding incixmso 
in response can be obtained at the low frequencies by nienns of the case 
volume Cm and the addition of a tube The equivalent circuit shows 

the action of the additional elements in changing the rcsiionse frcjui the 
characteristic 3 to the characteristic 4-5. 

The most common materials used for the diaphragms of pressure micro- 



PRESSURE MICROPHONES 


185 

phones are aluminum alloys, Bakelite, styrol and paper. In order to obtain 
a maximum mrio of conductivity to moss, aluminum is almost universally 
used for the voice coil. Both edgewise wound ribbon and round wire have 
been used for the voice coil. See Fig. 7.18. 

The diffraction of sound as a function of the angle of the inddent sound 
by various objects shows that the sphere exhibits the most uniform direc- 
tional pattern (Fig. 1 .5). A spherical case idth the diaphragm located on 
the surface of the sphere seenu to be the logical starting point for a non- 
directional pressure microphone. Referring again to .Fig. 1.5, it will be 
seen that the microphone will show excess response over the range from 
0** to 60^ and will be lacking in response from 120^ to 160^. This non- 
iiniform response can be corrected by pladng a disk, of senii-tronsmitting 
characteristics, of diameter equal to the spherical case directly above the 
diaphragm ancl spaced one-fourth inch. Employing this expedient, a nan- 
directional characteristic is obtained for all frequencies. 



Khj. 9.7. CraHHMCtionpl view and the equivalent dttaiit of an Inductor microphone. The 
gnph slam the free npece open circuit voltage laponne frequency chancteriitic, 

2. Indittlor Microphone {Straight Line Oondu^or). — The inductor 
microphone is another example of a moving conductor microphone. A 
cross-section al view of this microphone is shown in Fg. 9.7. Tlie dia- 
phragm ru\Ou\nH of this microphone is " V " shaped with a straight con- 
ductor located in the liottom of the " V.'* The equivalent circuit of this 
microphone is the same ns that of the dynamic microphone In the preceding 

BP h i 1 


” Marshall and Rumanow, Bed Sytl. Teth. your.^ Vol. 15, Na 3, p. 405, 1936. 
’•CHson, H. F„ U. S. Patent 2,106,224. 
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section and the action is the same. A transformer housed in the magnet 
structure is used to step up the low impedance of the conductor to that 
suitable for transmission over a line of several hundred feet. 

3. RiMoft Typt, — The pressure ribbon microphone conasts of a 
light metallic ribbon suspended in a magnetic field and freely accessible to 
the atmosphere on one side and terminated in an acousdc resistance on die 



H>i» fi 

p ^ 
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Du. 9 A, 'Ihe ekownti of cha pronrc microphone tnd the equivalent electrical circuit of the 
aeouttiool ayjteni, Afiia inertance of the ribbon. Cah acouHtic capact tance of the ribbon. 
Taa ocooidc rcMtonce of the nir load on the ribbon. Maa inertance of the air lond upon 
the ribbon, ^ap acouide impedance of the pi]ic terminadns the ribbon, p driving aound 
prentute. 


Other side. The essential elements are shown schematically in Fig. 9.8. 
These elements may take various forms as, for example, the pipe is usually 
coiled in the form of a labyrinth. See Fig. 9.24. 

The equivalent circuit of the pressure ribbon miemphone is shown in 

Fig. 9.8. 

The inertance and acoustic capacitance of the ribbon is given by A/aa 
and Car^ 

The resistance and mass of the air load upon the ribbon are designated by 
rjUL and Maa> The expression for the air load upon the ribbon will now 
be derived. The pressure, in dynes per square centimeter, at a distance 

» Olson, H. F., U. S. Patent 2,102,736. 

w Olton, H. F., ysnr. Sac, Mot. Pie. Eng.y Vol. 27, No. .1, p. 284, 1936. 

Olson and Mbssb, " Applied Acoustics,'' P. Blakiston's wn and Co., Philadel- 
phia. 

Olson, H. F., Brosdeast ATftsj, Na 30, p. 3, May, 1939. 
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a in centimeters} from an elementary source is (see Sec. 2,2) 




-7— J/Wttmue 




9.19 


where dS — area of the source} in square centimeters} 

«niu maximum velocity of dS^ in centimeters per second, 

P = density of aif} in grama per cubic centimeter, 

« - 2 

J — frequency, in cycles per second, 
u ■■ velocity over the surface dSy in centimeters per second, 

I >■ time, in seconds, 

k — 2tA» *uid 

X ■" wavelength, in centimeters. 

'fhe pressure at any point on the ribbon due to a velocity of the 

ribbon is 



where ai = radius vector having the shortest air distance from the point 
I to the surface element dS, 'Jo compute the total force, the above in- 
tegration must Ik pcrformctl and then the restilting pressure int^mted 
over the surface of the ribbon. 

The total force is 



where dS* * .surface clement at I . 
'Hie acoustic impedance is 


^AA 


rAA +jXAA = 



9.22 


The ribbon is spaced frtan the jiole pieces of the magnetic stiucture to 
allow freedom of motion. 'rhi.<i slit or ajicrtiire fAs and AfAji gives rise to 
an impedance (see Sec. 5.4). 

2s « = /-.I « + JujMa h 9.23 

where Vak acoustic resistance of the slit, in acoustic ohms, and 
Mas “ inertance of the slit, in grams per (centimeter).'' 

The back of the riblion is terminated in an acoustic resistance in the form 
■ of a finite pipe damped with tufts of felt. 'I*hc e(]ui valent circuit of the 
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pipe riiows that for the mid and high frequency range the impedance is on 
aoouadc reuitance. 

The acouadc reaUtance of the pipe referred to the ribbon is, 


rAP 




where /(p ■» area of the pipe, in square centimeters. 

The acoustic impedance doe to the electrical circuit may influence the 
motion of the ribbfm. The acoustical impedance due to the electrical 
circuit ia 





where sr total electrical impedance in the ribbon circuit, in abohms, and 

*■ area of the ribbon, in square centimeters. 

The acoustic Impedance aus, due to the electrical circuit, and the acous* 
tic impedance s^s, due to the aperture between the ribbon and pole pieces, 
are in general small compared to the other impedances in the system save 
at the very low frequencies. 

The acoustic imp^ance charactertsdes of the elements of a pressure ril> 
bon miert^hone are shown in Fig, 9.9. 

The volume current of the ribbon, in cubic centimeters per second, is 
jiven by 

U r-^ : r- 9.26 

rjj* + rA 4 •^jxax +jxjj, ~jxaf 


The volume current of the ribbon and the phase angle between the vol- 
me cuirent and pressure computed from equation 9.26 is shown in Fig. 9.9. 
The velocity of the ribbon, in centimeters per second, is 

* - ^ 9.27 

Am 

The voltage, in abvolts, generated in the ribbon is given 

e - Bh 9.28 


lere B * flux density, in gausses, and 

/ » length of the ribbon, in centimeters. 

The shape of the voltage curve will be the same as that of Uy in Fig. 9.9. 
is assumes that the pressure is the same for all frequendes. However, 
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due to the obstHclc effect, sec Sec. 1 .1 1, the pressure on the ribbon increases 
at the higher frequencies nnci the output is practically indepiendent of the 
frequency. 



Fio, 9,9, if. The Impedance chHraeCeriatici of the ckiQieii of the prcanire mieiophcKie, Wi4S 
ribbon acouatlc nactanoe. air load aoouadc Koctnnee. rAA air load ncouitk re- 

■laUimx. XAP pipe acoiudc tenctance (negetirc). tap pipe acoustic rewtnncc. B. The 
vdiime current C/f' of the preuore ribbon for n nound pressure of one djrne per square oond- 
meter. ^ phase angle between the ribbon vclodtj and the driving pleasure, in leading^ 
^lagpng. 

9.S. Velocity Microphones, — A pressure gradient microphone is a 
microphone In which the electrical response correspoiuU to the diflerence 
in pressure between two points in space. In general, when the distance 
between these two points is small compared to the wavelength, the pres- 
sure gradient corresponds to the particle velocity, A velocity microphone 
is a microphone in which the electrical response corresponds to the pnrdcle 
velocity resulting from the propagation of n sound wave through on acous- 
tic medium. The acoustical and electrical elements which form the coup- 
ling means, between the atmosphere and the electrical system, for trans- 
forming the sound vibrations into the corresponding electrical variations 
may be arranged in innumerable ways to obtain pressure gradient or ve- 
locity microphones. It is the puqxisc of this section to consider pressure 
gradient and velocity microphones. 

A, Pressttrt Gradient Microphone — 'J'he response of a pres- 

sure gradient microphone, as the name imjdies, is a function of the diFerence 
in stiund pressure between two points. Obviously, a pressure gradient 
microphone may be built in a number of ways. One type of pressure 

^ Olson, H. F., ^nr. Soe. Mot. Pie, Eng.. Vul. 16. No. 6, p, 695, 1931. 

^ Olson, H. F., jour. Acous. Soe. Atuer.. Vol. 3, No. 1, p. 56, 1931. 

I'Olion, H. F., Proe. Inst. Rad. Eng., Vol, 21, No. 5, p. 655, 1933. 

*• Moasa, F., Jour, Acous, Soe. Amer.^ Vol. 10, No. 3, p, 17.1, 1939. 

Olson and Massa, “ Applied Acoustics,” P. Blalciston's Son and Co., PhikdeL 

phitu 
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gradient microphone consists of two pressure actuated unitSt sepomted by 
a very small distance} with the electrical outputs connected in opposition. 
Figure 9.10 schematically depicts the essenti^ elements of n pressure gra- 
dient microphone. A cylinder 
0 -*1 of moss m is coupled to a con- 

Oi ^ ductor located in a magnetic 

field. The cylinder is assumed 
to be the only portion of the 
system which will be influ- 
enced by sound waves. The 
diameter of the cylinder is 
assumed to be small compared 
to the wavelength, Thereforcj 



Fio. 9.10, P t tM orB andiciit miciophoae. 


the average intensity will be the some fi)r oU points on the surface of tiie 
cylinder. The vibrating system is assumed to be constrained so that the 
only motion possible Is one in a direction parallel to the longitudinal axis 
of the cylinder. Under these conditions the vibrating system is driven 
by the c^fierence between the forces on the two ends of the cylinder due 
to the impinging sound wave. 

Assume n plane sound wave, from equation 1 .22, the pressure, in dynes 
per square centimeter, at at « 0 may be written 


P 

P 


kepA sin {ket) 
pm sin ket 


9.29 


where r velocity of sound, in centimeters per second, 

k - 2t/X, 

X c- wavelength, in centimeters, 
p «> density, in gram& per cubic centimeter, 

A »■ amplitude of 
^ M velocity potential, and 

pm maximum sound pressure, in dynes per square centimeter. 

The pressure at the end of the cylinder ;ci — djr/2 for a direction of 
propagation 6 is 


p\ » pm sin k (et 


. A)f 
+ ~ c (»8 


9.30 


The pressuie at the other end of the cylinder ■■ Av/2 is 


pi P» sin k Tf/ — 


45 
2 


cos 6 


9.31 
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The difierencc in pressure between the two ends of the cylinder is 


Ap - ^ 2pm cos 



9J2 


The driving force, in dynes, available for driving the cylinder along die 
X axis is 



/jfcA# 

Stp “ 2Spm cos {ket) sin ( cos Q 


9.33 


where » area of the end of the cylinder, in square centimeters. 
If Ax is small compared to the wavelength the driving force is 





bAx cos 0 cos ket 



A comparison of equations 9.29 and 9.34 shows that for a wave of con.. 
Btant sound pressure the driving force is proportional to the frequency. 

The velocity of the mechanical system for Ax small compai^ to the 
wavelength is 

I 

i = Ax cos 0 cos kef = — ^ Ax cos 0 sin ket 9.35 

jutn jem cm 


where «i — mass of the cylinder, in grams, and 

u — 2i^,/ “ frequency, in cycles jw second. 

'rhis quantity is independent of the frequency and ns a consequence the 
ratio of the generated voltage to the prc8SU{% in the sound wave will be 
independent of the frequency. 

The velocity of the mechanical system for any value of Ax is 



2.S>. 

C7/M) 


sin (kef) sin 





2Spm 

ClfM 


sin (ket) sin 




where D ~ distance between the two ends of the cylinder. 
The voltage nut|>ut, in nbvolts, of the conductor is 


e “ Hit 


9.38 
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where J?- flux dciwitj' in rhc flrl.l in »hi. h fit* » 

gauxmKt 

/- length cif the i-nniliirt»ir, in rriiitni* 
i ™ velocity of the eomlinior, in j-. » o- • i-.j 

Tlje reaponsv fa*(|ueney eliiinuteriNru fj n mih-^ > • t 

pressure gradient microphone nmiiniinl tt<*ot i tinjn- ’ -• ’* * * jt 
shown in F]g. 9.11. 


pattern becomes progressively hroiulrr nn iln- - ji. i 

case of the bitflie ty^K* rihlsin tnit niphiMir, tin- ilor. ti. 
flrat become sharper than the cosinr pniirrii ami ilicn 1 m 
sions become comparnlite (o the wnveleiigdi. In ••tin i 
theory is not in accord with ihe nlis«'nrti n i H 

would be expected when the {liineiiitiiuis nl f)i4- 1 

to the wavelength Itecausc of variiiiiuiih in l»>rli ini. ft' 
to changes in the difFractioit of wniihl by (he tiniMi-. 

The above considerntions have jieeii i-niii ri m<-< 1 M:r) 

From equation 1.40 the jtressnre i'oiit|t()ni-ni in u m a. 
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Let the distance on the axis of cite eyliiiilrc briw i-rn tKv ii- in', r *n,i j 
A4 and Afi on the cylinder la- r — Ax 'I and i * .>v .■ = I y to 
difFerence in pruwiire ktweeii the itv«i end-. ,4 (hr , 


Ihr 


1 ■ 1 


An — kcpA 


2t co8 ^(f/ - ;•) Nin f .V)!.|„ * , . . . ^ ' J 




'* -HI 


9 io f" - ' • 

y-w oecomes annrotuniat’flv ' 


approxtmately 

Ap « kep/i!) » ^ • ’•«" l-fe/ , 

L |i 

This equation is similar to eipintion 1.42 for the i.aiii i . t . 
soundwave. Then.fnn. - « r iiu |,a,,„ j, 


•Ml 


Thtrefoa-, the voltage on rpm 4 ,( , 1 , 1 ^ ,„i, ...ph, ...,, 4 , 




Pio. 9,12. Direcdotinl dutracteriidci of ■ prcvurc gffuiient microphone u n ftmcdon of the 
dimeniioni ud the wavetcngth. The polar graph dcpicta the output^ in volts, na a (oncdon 
of the angle^ in degreca. Ilie maxiniuin rcaponae is arbitrarily choeen oa unitj. 
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to the particle velm'ity in n whiiuI wave. 'I'lir .t pi. 

dient mirmphone na a functiim ul* ilu' iliHiamr liMin ^ iMiini . am.} ih,. 
frequency is shown in Mg. 9 . 2 /i./. 

B, ye/ocitjr Micrtiphaiif During i hr pH-.i |rw m.«i% Ii. , tj,. 

bon miemphones have licen ustal for all lypm nf hmuiuI t mIIi > iimh. I 
tinlly these miemphones eoiisiNr of a InoNrly simJir.l %;n;^niin| 

in the air gap k-tween two ]miIc pimn (l-ig, I„ i.. .„h. 

plying ill!' lliix III ilir iii> gap rh. |«4e 
piruM hiTvr as a i.<t a .iut 

livatly sipuraiing the fw.> ,4 

ihi* nltlHiii. I hr I iiiiligmai .-••'1 mnl 
ilinicnHioits df ihr ImiHc irTunar 
the dlri-hVl* htillMil piirtl lirlnrrM ihf 
two hiilrs III ihr lilikiit. | i|||. 

inllllt'IU'f* III a hlllllul Writ r |||r l:i«UM| 

iHtlrivrii IriiMi ii«i npiililiitiitii lortiii.iif 

by ihr ililii-iriirp in pit- ....nil- U-f»rr(t 
thr tWii sulrs. Ihr dihIiiiii i.j |||p 

riblmn in ihr inagnriii- ri.-l.l in.lii.na 
viillagr iH'lWri-M ihr |ui> ru.i, ..| ihr 

riblion. 1 hr rln nji al ••iilpuf i.Y f!ut 
sjHirin umln n rMin . ..f. 

SIDE VlfW n-Himmlrt III Ihr pilMi. l, vrl.. ,,t « 

Maind wavr. A* i'iMilitig]\ , tin- ii-mi 
vrlih iiy mil riiphiiiir hn.! jj.pl.vJ 

naaf «««I. ■ i i 'iblmil Oil. li.l.Jt. In 

pflflt Annlynis it Iuih Ih'imi runiniiiiirv in iri-jn tti 

.bie b«^,„ ,1,1. 

fonn«,cc It i> the .,f ,|Ii, \ 
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Fio. 9,13. ITie eiwcniial rlrmcnM iif « 

wtoLii)' ink-ni|tJiiinr 


• * ••••in ntr ijir 

square plate have ken obtainisl,** 'I’hrM: 
problem of the baffle tyjw rihlnm mirrojih 


wnin .1 by .1 lii.t,!^* a„.( 

! aimlyiu's may br niiplir,! 

I nil'. 


"(Mion, n. ]i,, Toi/r. .W, Aiat PL- h'ua v 1 1 • v 

S2'*P»'* I*-. I MU. R,„i. pL v’.j n '• I’- I'* ‘I . 

“S,v,«n and O'Ndl, JuMr. ,*a/o. ,S;. • 1: ''V* ' ' 
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The mrio of the preaeure at the center of a circular plate for any angle 
of the incident sound is 

- 1+ - ■[ 1 - f WV/- «)! 9.42 


where n 


I — y/l — sin*g 
sin 0 


1 when u 0, 

Ca " 2 when m ^ 0, 

0 « angle of the inddencct 
R ■" radius of the plate, in centimeters, 

k - 2tA. 

X « wavelength, in centimeters, and 
Jn ** Bessel function, of the order u. 

lltc pressure at the center on the front and back of a circular plate for 
normal incidence 9 0" or 180*, from equation 9>42, is 


P\ 


■■ VS^^4coe>R 


9.43 



9.44 


The pressure frequency characteristic on the front and back of a circular 
baffle for normal incidence computed from equations 9.43 and 9.44 is shown 
in I'lg. 9.14. It will l>e seen that the pressure at the front rises to a value 
of three times that in free space at R/X “ .5, then falls back to the same 
as the free space pressure at R/X “ 1, and repeats for R/\ “ 1.5 and 
R/X - 2, etc. The pressure at the back is the same as the free apace pres- 
sure for all frequencies, 'ITic measured pressure at the center on the front 
and back of a circular baffle is shown in Fig. 9.15. In order to reduce 
errors in measurement to a minimum, baffles of different diameters were 
used. In addition, several different pressure measuring arrangements 
were used. ITic results shown in Fig. 9.15 represent an average of these 
determinations. It will be seen that theory and experiment arc in fairly 
good agreement. Some of the deviation may be attributed to finite size 
of the pressure measuring system. 

The phase at the front and back of a circular baffle computed from equa- 
tion 9.42 is shown in Fig. 9.16. A point in the plane wave corresponding 
to the plane of the baffle is the reference plane for the phase. It will be 
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^a. 9 . 14 . Computed premire frequencj duncteriariCt >t the center, on iho friMit bikI the 
beck of B dnuler baffle for notme] incidence of the impiiifttiiji Nuund nreve. 



Fro. cW^atic at the center, on the fnKit ami ihc 

MCK Of e arcuUr baffle ht notme] incidence of the impinginu Mwnd 


wiive. 
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seen that for R/\ less than .5 the phase of the pressure at the front of the 
baffle leads that of the pressure in the wave. For values of R/\ less than 

.1 the phase on the front tends by the same amount os the phase on the 
back logs the pressure in the wave. 



Fio. 9.16, Com^ted phaie frcqiKncr chamcteriBtic nt the ccjiter, nji tlic front ind the beck 

of ■ circular laffle for nonnai incidciu.'c of the inipingiog round wave. 


Kquation 9.42 may be used to compute the difference in pressure l>ctween 
the two sides of a relatively small rihlMin Jrx:atetl in n large baffle (Fig, 9.17). 

The difference in pressure between the two siiles of the ribbon in a circular 
baffle, Fig. 9.17, is 


~ po pn-iaa 


9AS 
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vhere^ and pt\-m may be obtained from equation 9.42. The acnuKtic 
impedwce of the ribbon, Fig. 9.17, is given by 



Fio. 9.17. A ribboQ mkraphone 

with H liige dttular baffle. 


%AB “/wMits 


J 


9.4r» 


vhere Mas ”” inertnncu of the riblxm, and 

Cab ”■ acoustic capacitance of the ril>> 

bon. 

From equation 9,21 the total force i»f the nil* 
load upon the ribbon is 






9.47 



The above integration extends over both sides of the rihixm and aiu- 
nizanoe must be token of the 18(7* difference in phase between the front 
and when integrating between the two surfaces. The integration of 

equation 9.47 may be carried out by dividing the ribbon into small ele- 
ments and cuTying out the indicated integration, 

TTic acoustic impedance of the ur load is 


XaA. “ ru +j»AJL 






9.4S 


The ai^dc impedance JUs of the slit between the riblmn anti mile iiieix-s 
IS given by equation 9.23. ' ^ 

Tkli.'tlirT'” limit. 

mottfore, 1^ .cnatic capaatance of the ribbon may k- neBlwtnl. ■I'ho 

of ri„ rir W i. negligible .Le at1ho very high 
k n ^*T .rn "““X" dvm in et|»«ti„„ 9.46 may 

2ir “/wAfjs +y«A/^x 

where Maa “ inertance of the wr load. 

The velocity, m centimeters per second, of the ribbon i 


9.49 


IS 


i 



^mzat 


9.50 


where 4i - u*a of the ribbon, .juare reorimetere. 
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'Hie voltRge output in abvolta is 

e - 9.51 

where B * iluz densityj in gaussesi 

/ * length of the ribbon, in centimeters, and 
i - velocity of the ribbon in centimeters, per second. 

The response characteristic of a mass controlled ribbon located in a large 
circular b^e, Fig. 9.17, computed from equation 9.51 is shown in Fig. 9.1 8. 



5 


Fta, 9. IB. Computed open drcult voltigie refpootc frequency chartcteriiric of • mui con* 

trdlcd> eltftrodynftniic ribbon located in a liigc drcuUr baffle. 

The experimental response of a ribbon microphone with a circular baffle is 
shown in Fig. 9.19. llie agreement between the measured response and 
the comput^ response is quite good. 'There is some deviation between 
RfK — .5 and R/\ « .8. 'Hiere is also some discrepancy in this r^on be- 
tween computed and measured pressures (Figs. 9.14 and 9.15). It is in- 
teresting to note that the theoretical response of the pressure gradient 
microphone and the ribbon in a baffle is practically the same, Figs. 9.1 1 
and 9.18. 

The measured directional characteristics of the ribbon microphone with 
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a drculM baffle » «hown in Fig. 9.20. It will be seen f hnt hr small v«lii« 

of Rf\ the directional characteristic corresponds to a cosine function, 
tween RA - I “d # directional pattern is sharper than » 

actcristic. Then for RA ^ characteristics bromlLn ana 



M A ' I* « 


1 

Flo, ),19. Mauund open dicult voltage reqxHue frcquenc)' charac toriHric of a mom con- 

trailed, eiectrodyiuinic ribbon Imted in a latge circular iHifllc. 

assume irregular shapes. The theoretical directional chariictcristics ci))> 
ploying e<}uations 9.45, 9.50 and 9.51 are shown in Fig. 9.21. It will lie 
seen that the agreement with the experimental results of Fig. 9.20 ia quite 
good. There is some deviation for DA - f. It ia in tlii.i region thiir 
deviations occurred between the theoretical and experimental r«mlt.H for . 

the pressure, Figs. 9.14 and 9.15, and for the response, Mgs. 9. 1 8 and 9. 1 9. 1 

The theoretical directional characteristics for a doublet, log. 9.12, iK-comca 
progressively broader for R/X - f, J and J and does not jigret; at all with the 
e^rimcntal results. For RA “ i, J and 1 the shape of the rheoretical 
directional characteristics of the doublet does not carrcHiyaul with the 
experimental results. Summarizing, the theoretical directiotinl chameteriH- 
rics of a ribbon microphone with a circular baffle agree within a few per 


1 
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cent of the measured directional characteristics. However, the discrep- 
ancy between the measured directional characteristics of a ribbon in a cir- 
cular baffle and- the theoretical directional characteristic of a doublet or 



Pia. 9.20. Meuund direcdotiiil cliArtcteriidci of a ribbon nucrophooe with a lat^e dicnlar 
baffle (aec Fig, 9,17) ai a fuacrioti of the radioi of the baffle and the wavctcngth. The 
polar graph depicti the output, in vdti, as a function of the angles In dcgmi. The max- 
Imuti] response U arbitrarily cboKn aa unity. 







Fin. 9.21. Computed directional characteristics of a ribbon microphone with a large drcnlnr 
baffle (see Fig, 9.17} as a (unction of the radius of the baffle and the warelength. I1ie potnr 
graph depicts the output, in volts, as a function of the angle, in degrcci. The maiimum 
rcaponae is arbitrarily choaen oa unity. 


pressure gradient system is very large for values of R/X greater than f. 

The phase between the actuating force, equation 9.45, and the particle 
velocity in a plane wave, for a ribbon microphone with a circular baffle, is 
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shown in l<1g. 9.22. It will lie tu’vn thui thiit h a<U iht jmi n. I. % , l.... ;iy 
by 90** for Bin&ll viiluuHor R/X, 'I'lii* |i)iiiu' hrrwri'ti tin- ..nt 

put of the ribbon nnd the |>nrtirlt' velin iiy is hIsm sihmn m l i^v ;; l-i.i 
small values of R/X the voltogeoutpiil nl a iiiiiss .iiiiftnlli .i «!( nainti 
micKiphone with n buHIc «irrcM|Niniis tu ili I’ p.ll lit K' %'i'fiMifv in thi- 
wave. 

ITic alx^vc onalyRui haii lireii ccmivniril wiili a l-i. ?n a iit 

cular baffle. Irregular linllleH instcaii nl liinilai luilh-*, nt. h-.. 



Fio. 9 . 2 i ITic pJilHC snitlr, in ilntrrr*, larlwmi iIm* m iiiniinn i.m 
w a man cnntniilnl rihhiin with a < jn iiljr luOIr a-, a i.n., n..,, 
the vtitlior inillHii ut ■ tiiao^ , W. 

ncUc nold m i fum'iifin iif H/K 


■' Jitil f^i !f > . ' w aM 

i»l h' * I »V||^ 

riM '^•it !i->. JlKii :i. K ‘"1 


mcixial niiomphiiiKu fur twu rcnstuiH; (iisi, » •.iiii.iMr uwiff,. m. i>. 1,1 1 . 

in an irregular linfilt- ami. am, ml. mi path l.„^.th . h. th. tw.. 

sides of an iiregulnr Imfflr tlilfcr and. as a .oMsnp,,-,,. ... „ ,..., ,,1.1. 

obtain uniform diixrrional reaiama,. . hara. irri.,.. •. ..w, w, . I.-, i,. » 

rwge. An annIytKnl Milurinii uf ihi in, pillar phn.. i-. .Inf,. „it i. , 

the graphical nierhcal nmy l«- uanl nml is v.-ri . tf. . lu.. 

In wclUlcsigmnl velocity iiiit it .pl„ .m-s whi. |, havr } i..,-!, ,,,, 

the cffwtive stHiml path tiurmluml by .hr bafllr has 
one half wavelength for all fr.tpirm i.s ivith.n il„- i,.l 

ir^«UrT«L Th 1 ' • ■ -- • ' 

within n few jkt cent of tliia fi'riiiirm v limit A . i , 

I \ iinni. 4 Mfiiinfi I ijil fint 
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is sliown in Fig. 9.13. It wll be seen that the effective baffle is irregular 
in shape. The directional characteristics of the microphone of Fig. 9.13 
are shown in Fig. 9.23. Further, the deviation from a cosine characteristic 
is very small. 

The above considerations have been concerned with a plane wave. As 



9.23. The directionil chincteriidc of the vdodty micropbone ihowo in Fig. 9.13. TIm 
polar graph dcptcCB the output, in volti, is i function of the Angle^ in degrees. The nyud- 
mant respotue is irbitririlf choeen «i unitj. 

in the cose of the pressure gradient microphone, it can be shown that the 
output of a baffle type velocity microphone corresponds to the particle 
velocity in a spheried wave. TTie response of a baffle type velocity micro- 
phone as a function of the distance from a point source and the frequency 

is shown in Fig. 9.26if. 

9 . 4 . Unldlrectloiial Ulcrophonsa — The unidirectional micro- 
phone consists of the combination of a bidirectional microphone and a 
nonclirectioiiol microphone. The performance of this system is a function 
of the distance from the source, the spacing of the units, the sensitivity of 
the units and the phase angle between the units. 'Hiese fundamental 

characteristics will now be considered. 

A unidirectional microphone consisting of a ribbon velocity element and 
a ribbon pressure clement (see Sec. 9.2D3 and lug. 9.8) is shown in Fig. 9.24. 
The damped pipe terminating the back of the pressure ribbon is folded in 

“ Olson, H. P,, Tartf*. Acout. Sot. Amer., Vol. .3, No. 3, p. 315. 1932. 

•* WeinberBer, Olson and Moasa, Jour. Aeons. Sot. Asuer., Vol. 5, No, 2, p. 139, 

1933. 

«• Olson, H, F., 7oKr. Sot. Afoi. Pie. Eug., Vol. 27, No. 3, p. 284, 1936. 
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M the purpose of this section to consider the response of the unidirectionEl 
microphone ns n function of the frequency .and distance from a point 
source, 

'Hie voltage output of a nondirectional microphone os a function of the 
distance r is given by 




— sm««/ 
r 



where — sensitivity constant of the micn^hone, 

w - 2n/, 

/ - frequency^ in cycles per second, 

r "■ distance, in centimeters, from a point source of sound, and 
/ ~ time, in seconds. 

'The voltage output of the bidirectional velocity microphone as a function 
of the distance and the wavelength X, in centimeters, is 


eitD 



(i . ^ 

1 - sin at 


X 


2Tt* 


gosm/I coa0 



where Ri « sensitivity constant of the microphone, 

r ■■ distance, in centimeters from a point source of sound, and 
6 angle between the direction of the incident sound and the 
normal to the ribbon. 

If the output of the unidirectional microphone as a function of the an{^e 0 
is to be a cardioid of revolution for plane waves, then Ri must be made 
equal to Rt, The ratio of the output of the unidirectional microphone as 
a function of the distance end frequency as compared to a pressure micro- 
phone is 


Response Ratio 




This ratio for = 0, 30®. 60®. 90®. 120®, ISO® and for 1, 2 5 feet 

is shown in Fig. 9.26. The same ratio for a conventional velocity micro- 
phone for 1. 2 and 5 feet is shown in Fig. 9.26. It will be seen that the 
accentuation in the unidirectional microphone is smaller than in the case 
of the velocity microphone. 
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directional, the ratio of energy response to generally reflected sound is one- 
third that of a nondirectional microphone. It is interesting to inveadgate 
tile efficiency of response to random sound of other ratios of sensitivity of 
the bidirectional to the nondirectional unit. 

The output of a microphone consisdng of a bidirectional and non- 
directional unit is given by 


Cub “ Ri cos 8 


9.55 


where Ri « voltage output of the nondirectional microphone, and 
Ri ■■ voltage output of the bidirectional unit for 0^0. 

The efficiency of energy response of the unidirecdonal microphone as com- 
pared to a nondirectional microphone for sounds originating in random 
directions, all direcdons being equally probable, is 


Efficiency 


Ixf (Ri + Ri cos fl)* sin OdO 


4ir(Ri + R.)* 


1 (Ri + 
6 


{Ri - Ri)* 


(Ri + R,)»R, 


9.56 


For the standard velocity microphone Ri » 0, Ri » 1 and the rado is 
For the cardioid unidirectional Ri 1 and « 1 and the ratio is 
However, for other values the ratio is different. For example, between 
Ri/Ri ■■ 0 to Ri/Ri ~ 1 the effidency is less than -I and becomes .25 for 
Ri/Ri “ .33. ITie efficiency for various values of the rado Ri/Ri is 
shown in Fig. 9.27. The data in Fig. 9.27 shows that it is not so important 
that the two microphones be of the some sensitivity. It is important, 
however, that the rado Ri/Ri be equal to 1 or less than 1. 

The some results are shown in Fig. 9.28 by means of polar diagrams. 
This figure shows that the energy response of the bidirectional microphone 
and the cardioid unidirectionnl is the same. However, for 0 < Ri/R« < 1 
the response to random sounds u less in the case of either of these two 
microphones. 

C. Efficiency qf Enet'gy Response to Random Sounds qf a Unidirectional 
Microphone as a Function qf the Phase Angle between the two Units **, — The 
preceding discussions have assumed tliat the phase angle between the 
outputs of the two units did not change with frequency. There arc two 


** OUon, H. F., Broadcast Nirtw, No. 30, p. 3, May, 1 939. 
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principal lources of phase shift between the two units, namely; n phase 
shift due to a finite separation and a phase shift due to a differenoe in the 
phase frequency characteristicst 



Pio. 9,37. The ratio of cnenu reapooie to randont iouikIii of e diivctional mienphone oot- 
ilidiig of e fakUrccdoiiiil and a noodirccdonal unit an a funcdiin of the ratio of tlie output! 
of the elomeiita, aa oaoipanBil to the nondirecdonal micrephnne. Esi> energy respenH of 
a noedirectioiial micraphmic. Ed enogr reipojue of a ditvcdonal micraphotib /2i voltape 
output of the naadirecdouai unit voltage ouipat of the dia-titkinal unit 



Pio, 9,38. Djncdonal diagrams of rarioua oanblnadoni of bidircctUmnl and nondireettoaat 

microplionet and the cnctgjr response tn rmnikan sounds. 

Consider the case in which there is a phase shift ^ itetween the output 
of the bidirectional and nondirectional units. The output of each 8c])a* 
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rate unit is volts. The output of the combination la 

(c(M 0 cos^)* + (sin 9.S7 

The efficiency of the energy response of the above system to that of n 
nondirectionnl microphone is 


EfBciencv 


2«./ [(co3*(? + 2cos0cos^ + cos*^) -H siu* sin 0 




9.58 


Efficiency 



+ 2cos0co 8^ + l]sm0<Al 


16 ir«^ 




The efficiency is the same as in the case of no phase angle shift. 

If the units are separated by a finite distance dt then there will be a 
phase difference between the units which is 

^ — 360 cos 0 . 9.60 

X 


where d “ distance between the unitSj in centimeters, 

X » wavelength, in centimeters, and 

0 * angle between the direction of the incident sound and the 
normal to the ribbon. 

Note that this separation is in line with the units. Substituting 
(<f/X) 360 Cos 0 ^ K cos 0 in equation 9.57 the output is 

^ " ‘^‘V^lcoa 0 + cos {K cos 0)]* + [ain {K om 0)]* 9.61 


Tile efficiency of the energy response of the above system to a non- 
directional system is given by 


Efficiency 



ain0^ 


3 

9.62 


That is, the efficiency is independent of the separation between the units. 
Of course, fur very lai^e distances the separation disturbs the response for 
0 » 0. However, in the conventional microphone this does not occur, 
llierefore, the effect of finite size has no effect on the efficiency of energy 
response to random sounds. 
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D. Distortion nf the Dtrestionnl Pattern in the Unidirectional Micro- 
phone, ~ Deviations from the cardioid characteristic in the unidirecrional 
microphoiie ore due to: 

1. Phase shift in the velocity microphone due to deviation fiom a pure 
moss reactance, 

% Phase shift in the velocity microphone due to diffraction, 

3. Phase shift in the oressure microphone due to deviation from resistaiKe 
control. 

4. Phase shift in the pressure microphone due to diffraction. 

5. Deviation in die output from a codne directional characteristic in the 
velocity microphone. 

6. Deviation in output with angle in the pressure microphone. 

7 Unequal sensitivity of the two elements. 

The phase angle between the output of a velocity microphone and the 
particle velocity in a plane wave has been considered in Sec. 93B. The phase 
shift in a pressure ribbon microphone has been considered in Sec. 9,2133, 
It is possible to adjust these ^ase shifts and those due to difiractiou so 
that the cancellation for 180" will be of the order of —20 db up to 10^000 
cycles. In the case of the dynamic pressure unit the problem of maintain- 
ing appropriate phase shifts is more difficult. 



Fia. 9.39. A (BrciIomI microphoiie emploTlos a phav ahifring i^tein. The palargrapki 
ahow the dlrcctioaal eharaccetiadca for variooa radou ofJ/D, 'I'he polar graph depto ibt 
output, in volt^ na a function of the angle, in degreet. The maximum responie laotU* 
tnaril^ choaeti u unltv. 

E. Phase Shifting Unidirectional Microphones. — A unidirectional micro- 
phone consisting of a nondirectionol and bidirectional microphone has been 
described in the preceding section. It is the purpose of this section to 
describe other means for obtaining directional response. 

The elemoits of a phase shifting micrc^hone are shown In Fig. 9,29. 


UNIDIRECTIONAL MICROPHONES 


211 


The open ends of the pipes are separatetl by a distance D. A bend of 
length fi is placed in the shorter pipe. The ribbon element measures the 
diHerence in preaiure between the two pipes. The diiference in pressure 
between the two pipes is given by 



9.63 


where po sound pressure, in dynes per square cendmeter, 

D » separadon between the recoving ends of the pipes, in centi- 
meters, 

(i — acoustic path introduced by the bend, in oendmeters, 

X o wavelength, In centimeters, and 

0 « angle the inddent pencils of sound make with the axis of 
the system. 

If the distances D and d ore small compared to the wavelengtli, Ap will 
be proportional to the frequency, 
element is used, the output will be 
independent of the frequency. 

A series of directional charac- 
teristics for various ratios of D to 
d is shown in Fig. 9.29. 

A diaphragm actuated crystal 
unidirectional microphone ** em- 
ploying a phase shifting network is 
shown in Fg. 9.30. The principle 
is essentially the same os that of 
Fig, 9.29 described above. The 
vector dingnuns show the action 
for sound incident at 0° and 180°. 

Considerable deviation from the 
cardioid characteristic occurs at 
the higher frequencies due to the 
relatively large physical size of the microphone compared to the wave- 
length of the sound. Since the actuating force upon the crystal, and 
hence the voltage output, is proportional to the h^uency, compensation 
must be employed to obtain a microphone uniformly sensitive wi^ respect 
to frequency. 

" Baumzwcigcr, Bcnj., Efettrania, Vol, 12, No. 2, p, 62, 1939, 


If afnass controlled electrodynamic 
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PiQ. 9J0. Crystal unld3rccdon«l mimsphone 
employing m phtsc shifdnff nenrork* Tbs 
vector diagram depicts the juasnltude and 
phaae available for driving the diaphragm for 
O* and I8(F. 
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9.5. MlwdlaseoaB MlcrophoneB. — A. Lapel Mietvphone, — Ijipi 
micTcphoiie ia a term applied to a small microphone which can t 
hooked into the buttonhole of the coat of a speaker. The principal puipoa 
of a lapel microphone, as contrasted to a stationary inicmphone place 
somewhere in front of the speaker, is to allow the speaker freedom t 
move about the stage or lecture platform or to turn away from th 
audience without any loss in intensity of the amplifier due to variation i 
distance from the microphoiie. The response frequency characteristi 
of a lapel microphone is usually adjusted so that the output is th 
same as that of on ordinary microphone located directly in; front of di 
speaker. 

The carbon, crystal, and ribbon velocity microphones ore the prindpa 
types in use for lapd microphones. These microphones ore usually mad 
amall in size and light in weight. Save for these characteristics, the lope 
microphones are essentially tlie same as those described in the precedin| 

sections. 

B. TTmat Mierophone. — Throat microphone is a term applied to t 
microphone whidi is held in place against the throat near the larynx by e 
strap around the neck. The vibrations prtxluced by the vocal cords art 
transmitted to the microphone by flesh conduction. 'J'he sibilant sound 
are transmitted by conduction through the throat and by air conduction 
By suitable compensation with respect to the frequency, tolerable intei 
ligibility may be obtained. 

The throat microphone allows the wearer more freedom of action than ir 
the case of the conventional microphone. It Is particularly useful for air- 
plane pilots because it does not interfere with vision, the use of oxyger 
apparatus, etc. 

In order to obtain high outputs and thereby rctluce the size of the 
amplifier, carbon microphones are generally uscxl in aircraft thraat micro- 
phones. 

C. Hot IFire Microphone. — The hot wire niicn>phone dejiends for its 
operation upon the cooling effect of a sound wave, with the resultant change 
in resistance, on an electrically heated fine wire. 'Che axiling effect ia 
primarily due to the particle velocity in the sound wave. T wu changes in 
resistance occur, namely: a steady chEmgc and nn alternating change of 
twice the frequency of the sound wave, llic steady change in resistance 
may be used to measure or indicate the intensity of a sound wave by plac- 

Olson and Carlisle, ^okt. Tntt. Rod. Sir., Vol. 22, No. 12, 1934, n. 1354. 

Olson and Masso, ' Applied Acoustica,’" P. Blakiston’s Son and Co., PhiladeU 

phia. 
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ing the microphone in one arm of a Wheatstone bridge The sensitivity 
may be increased at a particular fre<)uency by placing the wire in the neck 
of a Helmholtz resonator. For sound reproduction} a polarizing air 
stream must be used so that the alternating change in resistance will cor- 
respond to the undulations of the sound wave. Under these conditions, 
at a given frequency, the resistance variation is nearly proportional to the 
product of the nir stream velocity, the particle velocity in the sound wave 
and the cosine of the included angle. 

D. BmeryUsi TeUphones {Sound Power Telephones), — The earliest 
telephones had no source of energy other tlian the speaker’s voice. How- 
ever, these were soon replaced by the more sensitive carbon granule trans- 
mitter and battery combination. During recent years the application of 
acoustical engineering principles, together with better materials, has 
resulted in a batteryless instrument which is very practical for use in 
construction camps, warehouses, ships and apartment houses. These 
telephones have been built using electromagnetic, electrodynamic and 
crystal electroacoustic transducers. The diaphragms are nbOTt 2 inches 
in diameter, 'fhe microphone and telephone ore identical save for the 
mounting case. In use, the microphone and telephone are connected in 
scries across the line. 

9.6. BlgUy Directional Microphones. —A. ParaboHe Reflector^ — 

Reflectors have been used for years for concentrating and amplifying all 
types of wave propagation. The surface of the parabolic reflector is 
shaped so that the various pencils of incident sound parallel to the axis 
are reflected to one point called the focus (F1g. 9.31). To obtain an oppre^ 
ciable gain in pressure at the focus the reflector must be large compared 
to the wavelength of the inddent sound. This requirement of size must 
also be satisfied in order to obtain sharp directional characteristics. If 
this condition is satisfied at the low frequendes the size of the reflector 
lx:comes prohibitive to be used with facility. 

A cross-sectional view of a parabolic reflector and a pressure micro- 
phone located at the focus is shown in Fig. 9.31. When the microphone 
is located at the focus the gain at the high frequencies is considerably 
greater than at the mid frequency range. The accentuation in high fre- 

" Tucker and Paris, TVifffj. Roy. Soe.. Vol. 221, n. 389, 1921. 

Atkins, G. F„, Bell Lab. Record, Vol. 16, No. 8. n. 282, 1938. 

" Hanson, 0. B., Jour. Atom. Soc. Amer., vol. 3, No. 1, Part 1, p. 81, 1931. 

" Drehcr, Carl, Jour. Soc. Mot. Pic. Euf’., Vol. lo, No. I, p. 29, 1932. 

“Olson and WoIfF, Jour. Acoui. Sac. Amer., Vol. 1, No. .1, p. 410, 1930. 

Olson and Massa, *' Applied Acoiudcs,” P. Blakiston’s Son and Co., Philodd- 

phia. 
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qnency reaponae may be overcome by moving the microphone slightly out 
of focus. This opedient also ten^ to broaden the sharp directioiuil 

characterisdcs at the high frequencies. 

The diiecdonal characteristics of a parabolic reflector 3 feet in diameter} 
used with a prasure microphone) are shown in lug. 9.31. It will be seen 


tM A. 



Fio.9Jl. CRMMccdonal vkw of t pcnboGc reflector fer a m icmiihane. The polar gmtpJit 
■how the direcdoiul duncteriidci. The polar graph depicbi rhe pretuure, in dj^neo, at the 
micraplioae oi t of the angle, in degreco. The maxiniiim renponse u arldtmHI)' 

ehoaeo oa nnitf. (After Huaoa.) 


that the directivity increases with frequency. For example, the system 
is practically nondirectional at 200 cycles. On the other hnnil, the direct 
tional characteristic is very sharp at 80(X) cycles. 

B. Unt *^ •“* •*. — A line microphone is n microphone 

consisting of a number of small tubes with the open end, as pickup |>f>inta> 
equally spaced along a line and the other end connected to a common June-' 
don to a transducer element for converting the sound vibrations into the 
corresponding electrical variations. In the line systems to lx; coiisidercdi 
the transducer will be a ribbon element located in n miignctic field and ter- 
minated in aft acoustic resistance. Under these conditions the output of 
the pipes can be added vectorially. 

1. Ihit Mie^hoHt: Us^ul Directimiy on the LJne Axis. Simpie 
Line. This microphone consists of a number of small pijx» with the 
oj^ ends, os pickup ^ints, equally spaced on a line and the other ends 
joined at a common junedon decreasing in equal steps (lug. 9.32). A 
ribbon element, connected to the common junction ntid tumiinntud in an 


OJ»n, H. F„ Jour.Iiia.IiAi. Eng., Vol. 27, No. 7, p. 4.TB, 1939. 

Soc. Jtntr., Vol. 10, ko. 3, p. 206, 
Olaon, H. F., BrosicAti Nems, No. 28, p. 32, July, 1938 
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ncoiudc resistance in the form of a long damped pipe, is used for trans- 
forming tile acoustical vibrations Into the corresponding electrical vari- 
ations. 



Pio. 9J2, Line Mlcnpboiie. UkTuI diracdvity on die line axil. TUa mlerepliane oonditi 
of a iaige nnnber of mati pipea arranfed in a ^ «i di the dlatinea ffoni ^ opening of each 
pipe to the common Junction dccreiilng in equal atepa. The lyatem la temlnnled in a 
ribboo elernut and an aoooadc reaiataaGe. 


The contribution, in dynes per square centimeter, by any element n at 
the common junction of the microphone may be eicpressed as 

P.-B.CC Jl/, - 

+ .in 2r(/> 9.<4 

pn - 9 .65 


where / “ frequency, in cycles per second, 

t •* time, in seconds, 

Xn ~ distance of the element n from the center of the line, in 

centimeters, 

X ~ wavelength, in centimeters, 

0 * angle between axis of the line and the incident sound, and 
amplitude of the pressure due to element », in dynes per 
square centimeter. 

In the cose of a uniform line, with the strength a constant, the resultant 
when all the vectors are in phase is BJy where / is the length of the line. 
The ratio Rf, of the response for the angle 0 to the response for 0 ■■ 0 is 







9.66 


MICROPHONES 



The Absolute value of the term on the right ia given by 






sin ~ (/ “ /cos fl) 

A 


— (/ — / cos 0) 

n 




The directional characteristics of the microphone of Fig. 9.32 for various 
ratioa of length of the line to the wavelength are shown in Fig. 9*33. 


{.Dnnl"^ LCMCIMB^ 



UCWTHBlX LCNBTH 4X 



LCNOTH « A 


UCHDTH ■ IX 



Fio. 9.33. The dlKcdenal chmcteriitica of the microphone ihown in I^g. 9M lu u functloa 
of the ntio of the leagth of the line to the wavelength. The polar graph dc|HChi the outpnt, 
in Tolti) n a fonctioii of the angle, in degree*. 



.These characteristics are surfaces of revolution about the line as an axis. 
This microphone is useful for collecting sounds arriving from directions 
making small angles with the microphone axis. 

2. Line Microphone: Us^ul Direcfhify on the fane Axis. Line with 
Prognssioe Delay. — As in the case of Fig. 9.32 this microphone consists of 
a number of small pipes with the open ends, a.s pickup points, equally 
spaced on a line and the other ends joined at a common junction. In 
addition, there is inserted a delay which is pniportional to the distance 
from the end of the line or the pickup point nearest the common junction 

(Fig. 9.34). 
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where d is the path length of the delay introduced for the point furthest 
removed from the common junction. 

sin^ (/ — /cosO + rf) 

R, 9.70 

^ / cos Q •\r d) 

A 

The directional characteristic of the microphone of Eig. 9.34 for various- 
ratios of the length of the line to the wavelength, and for a delay path of 



Fici. 9,34. line Microphone. Uaefu) directivity on the line nxiA. Thii microphone diflera 
from Fig. 9,32 in that a delay ii imierccd in each finail pipe. The amount of tMay in pro- 
portional to the diitance from the pipe opening to the irickup point ncamt the common 
junedoo. 



Fig. 9J5. The directional characccrinrica of the microphone ahown in Fig. 9M for a time 
delay equivalent to one-quarter of the length of the line an a function of the rado of the 
length of the line to the wavelength. 'I*hc polar gniph deptciH the output, In volte, ii a 
funedon of the angle, in degreca, 

one fourth times the length of the line is shown in Fig. 9.35. Comparing 
Fig. 9.35 with Fig. 9.33, it will be seen that the same directional clmroc- 
tcristic con be obtained with a shorter line by intniducing appropriate 
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delay. In the caae of a delay path comparable to the wavelength, logs in 
aenaltivity occurs. 

3. Litu Microphone: Us^ui Directivity on the Line Axis. Too Lines 
emd a Pressure Gradient Element. — This microphone consists of two lines 
of the type shown in Fig. 9.34 arranged so that the ribbon element measures 
the difference in pressure generated in the two lines (Fig. 9J}6). The 



FiQ. 9J6. Lins Hlcnphow. II*ftilditwdvit7on dieline wtiB. Thin microphone coiuiiU 

of tm Unet oT the type ihown in Fig. 9M dlaplued by a diitnncc « along the uu. In ilw 
Em neatat the ribboo demeat a bend ia Inaertcd which intraducoi a |iath length D. 'ITte 
libboo dement mesnret the dUhrenco in praeniK in the two linee. 


centers of the two lines are displaced by a distance D. Tn the line nearest 

the element, a bend of length D ia inserted between the junction and the 
ribbon element. 

To show the action of the pressure gradient system, nssume that the 

length of all the small pipes is the same and the ojienings l>ctwecn the two 

sets are s^aratxd by a distance D, Under these conditiems the line systems 
are nondirectioaal. 

The difference between the forces on the two sides of the ribbon, assuin- 

the mass mctance of the ribbon is large compared tt> the resistance <if 
the damped pipe*, may be expressed as 


In = A coo 


(2ir/>) sin ^ 


t2) cos 6 

X 



9.71 


where ^ - constwt, including the pressure of the impinging sound 
and dimensions of the microphone. 

If D is small compared to the wavelength, equation 9.71 becomes 


wave 


/i 


" cos (2*//) cos 0 


9.72 


Equation 9.72 shows that the force 
proportional to the frequency and the 
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Employing mass controlled ribbon of moss Md the velocity is dven by 




9.73 


This quantity is independent of the inquency and, as a consequence, 
the ratio of the generated voltage to the pressure in the sound wave will 
be independent of the frequency. 

llie above discussion assumes that the lines are nondirectional. llie 
directiona] characteristics of the individual lines of Fig. 9.36 ore given by 
equation 9.70. The directional characteristics of the microphone, shown 
in Fig. 9J16, for D small compared to the wavelength are the product of 
equations 9.70 and 9.73. The directional characteristics may be written as 



sin -(/ — /cos 0 + </) 

A 

“(/ — IcaaQ + d) 

A 


cos 9 



The directional characteristics of the microphone shown in Fig. 9.36 for 
various ratios of the length of the line to the wavelength for a delay of 
one quarter times the length of the line are shown in Fig. 9.37. A measure 



Fio. 9J7. 'IIjc dircctionnl charMteriadoi of the microphone ehom in Fig. 9^ to ■ rime 
delBjr of ouMluartcr the Icnjjth of the fane u e function of the nitio of the length^ the linn 
to the wivelttigth. The polar grtph depicta the output, in toUi, aa a fiincdon of the angle, 

In degreea. 

of the value of a line with progressive delay and a pressure gradient ele- 
ment for improving the directivity may be obtained by comparing Fig. 9.37 
with Fig. 9J3. Employing these expedients approximately the same 
directivity can be obtained with a line of one quarter the length of the 

simple line shown in Fig. 9.33. 
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4 . Uftradinctiottal Microphone . — Directional microphones employ- 
ing lines of various types have been considered in the preceding aectioa. 
These directional characteristics indicated considerable variation vitli 
frequency. Experience gained from work on reflectors a few years ago 
indicated that a directional characteristic which varies with frequency is 
undesirable) principally due to the introduction of frequency diacrimina- 
tion for points removed from the axis. In addition, the response to re- 
fleeted sound is a funedon of the frequency which alters the reverberation 
characteristics of received sound. 

From (he results of experiments upon directional systems, it appears 
that a microphone with a small solid angle of pickup would be useful in 
recording sound motion pictures, in television pickup, in certain types of 
sound broodcast as, for example, symphony and stage productions, and in 
many applications of sound re-enforcing. The acoustic lines refen'ed to 
above seem to be the logical solution of the problem from the stondpmnt 



Fra. 9JS. Ulcrodircettoni) mkrofihMie coMuritiB of Bve uni tn. Units I, 2 and lire of dio 
type ahowo in Pig. 9J2, Units 4 and 5 an of the type nhown in Ina. An electrical 
Utcr ayttem it used to alloctie the output of the units to their mpectivc rangca. 


of size and portability. However, the directional characteristics must be 
independent of the frequency. 11118 can be accomplished by employing a 
number of s^arate lines, each covering a certain iiortion of the frequency 
range. It is the purpose of this section to describe an ultradirectionnJ 
microphone consisting of five separate lines. 

The ultradirectional microphone shown schematically in Tug. 9.38 con- 
sists of five units. Units 1, 2 and 3 are of the tyfie shown in Fig. 9.32. 
Units 4 and 5 are of the type shown in Fig. 9.36. An electrical filter sys- 
tem is used to allocate the outputs of the unitn to their respective ranges. 

*• Olson, H. Fy ycHr. Inst. Rwi. Eng., Vol. 27, No. 7, p. 4.18, 1 9.19. 

Olson and Massa, “ Applied Acoustics,” P. Blalustim’s Son and Co., Piiiladcl- 

phia. 
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The response characteriRtics of the units with the filter systems are shown 
in Fig. 9.39. Figure 9.40 illustrates the principles used in obtaining uniform 
directional characteristics. Figure 9.40^ is the directiuiial character- 
istic of line 3 at 700 cycles. Figure 9.40B shows the directional charac- 
teristics of lines 2 and 3 at 950 cycles. The resultant of these characteris- 
tics is also shown in Fig. 9.40;5. The sfune is shown in Fig. 9.40C for 1250 



Pio« 9*39. Voltage raponic frequency chAmcteristici of the unit Band filter 

fyuteoi abown in Fig. 9JA. 


cycles. In Figs, 9-40fl and 9.40C the directional characteristic of line 2 
ia broarier than Fig, 9.40^^ while the characteristic of Une 3 U narrower. 
The resultant of lines 2 and 3 is a directional characteristic very close to 
Fig. 9.40^. llic directional characteristics of the microphone shown in 
Fig. 9.3B for the range from 85 to 8000 cycles^ except for the small lobes 



Via, 9,40. yf,ThcdirectiofialchirHCterUHcorimc3it700cyclcm A-HicdirccdonRlchimcter- 
Utki of Knei 2 and 3 uut the reaultont at 950 cTdea. C. The dirccrioniil chamcterlatlci of 
lim 2 and 3 and the multant of 1250 cydea. O, 'fhe dirccrionil duiractvriHtici of the 
microphone ihown in Kig. 9 for the nnge from 85 to 8000 cycles fall within the abnded 
area. 


for angles greater than 90°, fall within the shaded aren of Fig. 9.40D. 
Considering that this microphone has a frcc^uency range of 6) octaves, it 
is a remarkably uniform characteristic. 

C. Directional Efficiency of a Direciional Somul Collecting Systetn. — 
The ratio of eneigy rc8}X)nse of a iifindirccticmnl microphone as compared 
to a directional microphone for sounds originating in random directions, 
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all directions being equally probable, is termed the directional efficiency uf 
a directional microphone. 

In many o( the systema described above, determining the directional 
efficiency becomes a rather cumbersome job. However, the directional 
efficlendea of the cosine functions are easily determined. A few of these 



Fn. 9^1. The dincdoael efficiency- of rnictophoDci luving directionel clursctcrisdcg vfddi 
■le Tuioui ooebe fiincdoju. The ratio of eoeniy ratponie of a noruIirL-ctional mkroplKine 
ta) the eneigy tapo ce e of a dtrecdonel microphone lor itMndi originating in random diree- 
tloiu b tetn^ cfitectioaal efficieney. The ratio of the dietance at which a direedoonl ad. 
craphone may be operated as compared to a noitdirectionai microphone ii iilso ihoinki 

functions are plotted in Fig. 9.41. The directional efficiency as cxitlined 
above is also given. For die same ratio of signal to noi se, revert^mtion, etc., 

the directional microphone may be operated at VtUrectionnlcffictcQcy 
times distance of a nondinectional microphone. By means uf the charac- 
teristics shovnt in Fig. 9.41, the efficiency of other characteristics may 
be obtained by comparing characteristics which have approximately the 
same shape and apr^. 

9.7i Wind Bxcttatlon and Screening cl Microphones. — Tliere arc 
three possible sources of excitation which a microphone is subject to when 
placed in a wind. There may be pressure fluctuations due to velocity 
fluctuations present in the wind even though the microphone is absent 
There may be pressure fluctuations due to turbulence pnxluccd by the mi- 
crophone in a wind otherwise free from pressure fluctuations, that is, in a 
wind of uniform velocity. There may be radiation from the first two 
sources. The efiect of the first source may be reduced by screening which 
takes advantage of the wind pressure distribution over the microphone, the 
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effect of the second by streamlining the microphone and the third ia mini- 
mized by reductions in the first and second sources. 

The customary wind screen **® consists of a frame covered with silk en- 
closing the microphone (Fig, 9.42^). Very sheer silk reduces the response 
to wind without appreciable attenuation of the sound. A spherical shape 
has been found to offer the best shielding properties. The shielding proper- 
ties increase with the volume of the shield. 

In general, the response to wind is much higher for directions normal to 
the diaphragm by applying the principles of hydrodynamics. A wind 
screen has been developed which reduces the wind response of the micro- 



Fia. 9.42. Wind Krceni for micrxiphonei. A, Bernoulli wind eeroen epplled to ft djnutmio 
mlerophons. B, Wind icreefl coniiidtig of a wire frame coverod with ftheer nlk. 

phone. The Bernoulli * wind screen is shown in Fig. 9.42/f. The wind 
pulses travel through the screen and exert a pressure on the diaphragm. 
These same pulses cause a reduction in pressure at the periphery 1. These 
two effects tend to balance each other and, therefore, the response to wind 
is reduced. This type of screen reduces the wind response about 12 db. 

9.8, Nonlinear Distortion in Microphones. — The sources of distorrion 
in microphones are, in general, the some os in the case of loud speakers, 
The two principal causes are due to nonlinear mechanical or acoustical 
elements and nonuniform magnetic field in dynamic types. The latter 
type of distortion can be made negligible in well-designed units. For 
example, in a velocity microphone the amplitude of the ribbon, for a plane 

Olson and Mnssa, “ Applied Acoustics,” P. Blakiston’s Son and Co,, FtiUndeL 
Phelpi, W. D., RCA Revitv^ Vol. 3, No. 2, p. 203, 1938. 


224 


MICROPHONKS 


wave of 100 dynes iicr square centimeter nt 30 cycles is less than a milli- 
meter, Tlie distortion due to a variation in the field over this distance is 
less than of a per cent. Tn the cose of the velocity micn)phone the 
system is moss-controlled and there are no nonlinear elements. The mea- 
sured distortion (sec Sec. 11. 2C) in a velocity microphone for sound pres- 
sures up to lOOO dynes per square centimeter is less than ^ of a per cent nt 
80 cycl^. Hie most common source of nonlinear distortion in dynamic 
microphones originates in the sus[K‘nsion system. In some coses at the 
Lower frequencies tlic harmonic distortion for a sound pressure of 100 dynes 
per square centimeter may be several per cent. This very high distortion 
is usually caused by instability of certain jiortions of the suspension due to 
dissymmetry of the corrugation and inhomogencity of the material. As 
already pointed out, the distortion in carlsin microphones is very high due 
to the nonlinear characteristics of granular contacts. Con.siilerabie im- 
provement has been miule in carbon materials in recent years and the dis- 
tortion, although still high, has been materially reiluced. 

0.9. Tnuudeat RosponBe of Microphones.- The siihject of transient 
response of vibrating systems, together with applications to loud 8{ieftker8 
has been considered in Sec. 7.1fi. 'I'hc mcnsiiremcnt of tran.sicnt response 
of loud speakers will he considered in .Sec. 1 1.30'. The transient response 
of a microphone may lie predicted finini the etpii valent circuit hy the use 
of the Openitionrd Calculus. 

In the case of the mn8s-controlle(.l sy.ntem of the velocity micniphime tile 
response to transients is very good. In the more complicated microphones, 
having vibrating systems of several dcgrx'cs of freetloni, the transient re- 
sponse may be very (uor. This is particularly true of multire.sonunt lys- 
teois with relatively low resistance. 

9.10. El{^ SenktlvlQr Microphones (Motional Impedance). — 'llie 

cansiderations in this chapter have assumed the mechnnicul or acoustical 
impedance, due' to the electrical system, to Iw small conipnreil t<i the otiter 
mechamcol or acoustical imjHxlances of the vibrating .ly.stem and may, 
therefore, be neglected. Tn nil the high quality miemphones discusKd in 
this chapter these oasumptions arc satisfietl. 1 n the ca.He of the hatteryless 
telephones or other highly sensitive micmphnnes the effect of the electrical 
system upon the vibrating system must Iv consulcrctl in order to predict 
the perfonnance of the system. Hie duHcusslons of .Secs. 6.2 nnil 7.2 and 
Mg. 7.3 are of couiwe applicable to the moving coiuhictor, dynamic and 
ribbon, microphones, liic mechanical <ir acoustical impedance due to the 
electrical circuit is in scries with the actuating fiirce or pressure. In the 
equivalent circuit of the mechanical system of lug. 7.3 the actuating force in 
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the aounil wave is Jm &iid the mechanical imped ance dne to the electrical 
clraiit is zjir«. The effect of the electrical circuit upon the vibrating systems 
of otlicr types of tronadneers, namelyi electromagnetic, condenser and 
piezoelectric con be obtained from Chapter VI. 

9.11. Thermal Noise In Hicrophonss, "The smallest voltage that can 
be menaurecl at the terminals of a resistance is limited by the voltage due to 
thermal agitation "•** of the electrons. The lower limit of sound intensi- 
ties which may be measured with a dynamic, ribbon, inductor or magnetic 
microphone is the intensity at which the signal voltage is just equal to the 
voltage of thermal ogitatiou. 

11)e voltage, in volts, of thermal agitation is 

e - V4KT(/, - /,)f. 9.75 

where K ■ Boltzmnnn constant « 1.37 X lO"" ergs per degree, 

T - absolute temperature, for 20^ Centigrade T 293, 

/j — /i - width of the frequency band, in cycles per second, and ^ 
fg * resistance of the clement (coil, ribbon or conductor), in 

ohms. 

For n microphone having a resistance of 250 ohms and a frequency band 
of 15,000 cycles the thermal voltage is 2,5 X 10^ volts. T^e voltage de- 
livered by a sensitive velocity or dynamic microphone at this impedance is 
3.0 X 10"^ volts per dyne per square centimeter. The smallest pressure 
that can be measured with this microphone is 0.8 X 10^ dynes per square 
centimeter. Referring to Fig. 13.1, this is about 20 db above the ear 

threshold of hearing at the most senative region. 
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.. lOJrf Introduction. — Interest in the science of sound reproduction has 
been stimulated during the past two decwlcs by the almost universal use 
of the phonography radio and the sound motion picture. 'Jlie two most 
important acoustical elements in electrical reproiliiction of sound arc toud 
speakers and microphones. For this reason, ainsidcmble space has been 
given in this book to complete discussions of the most common instruments. 
There are innumerable electroacoustic, mechanoncoustic and clectrome> 
chanoacousdc transducers in use to-day for nil tyjx's of applications. In 
generaly most of these can be reduced fundamentally to one of the systems 
described in Chapter VI. Therefore, the major (xirrion of the applicntUins 
discuBsed in this text will be confined to sound R’prrxiuction. In ntklition 
to loud speakers and microphones, the following transducers arc in connmnn 
use in certain types of Mund reproduction : telephone receivers, mechanical 
phonographs, phonograph pickups, electrical musical instruments niitl 
hearing aids. It is the purpose of this chapter to consider typical exurni^lcB 
of these transducers. 

10,2. Teil«[dione ReceiverB. — A telephone receiver is an electroacoustic 
transducer actuated by energy in the electrical system ami supplying energy 
to an acoustic system. 

A. Bipobtr Telephone Receiter, — The hi]M)lnr telephone receiver is a 
telephone receiver in which the alternating force, due to the alternating cur- 
rent in the electromagnet, operates directly uiam a diaphragm armature of 
steeL A cross-sectional view of a bipolar telephone rec'civer ia shown in 
Fig. 10.1, The steel diaphragm is spacet) a smalt distance from die jiole 
pieces which are wound with insulated wire. A jicrmanent magnet aii|>- 
plies the steady fiux. 

The force upon the diaphragm, in dynes, has lieen derived in Sec. 6.3/f. 
The force from equatioa 6.9 is 


/i 






+ 


mm 


max 


RiRiA 


sin erf 2irA^V. 
— + - 




Rf/l 



cos 2w/ 


R^A 

226 



TELEPHONE RECEIVERS 


227 


whfPc A = effective Brea of one pole, in aquare centimeters, 

N — number of turns per coil, 

Ri * reluctBnce of the permanent field circuit, in gilberts per max- 
well, 

R\ - reluctance of the alternating magnetic circuit, in gilberts per 

maxwell, 

M = magnetomotive force of the magnet, in gilberts, 

/ ■y.. — maximum current in the coil, in abomperes, 

/ ■■ frequency, in cycles f>er second, and 
t = time, in seconds. 



Cmu-KCTUWAL view 



li'it:. 10.1. Cnm^wctinnal view ol % Upolsr telephone Rcdvcr. llte gniph ahowa the preaaure 
rrsponw frequency chantcterisda. yf. Uecetver feeding a cloicd cavity. B. Receiver feed- 
ing an artiiiciBl car. 


'Ilic first and third term cm the right-hand aide of equation 10.1 represent 
n .sternly force, the second term represents a force of the same frequency 
and the Inst term represents a force of twice the frequency of the current 
in the coil. Equation 6.9 shows the necessity fur the polarizing field ^ 
in oriler to obtnin high sensitivity. Kurther, must be large compared 
to in order to reduce second harmonic distortion. 

'I‘hc tlinphrngm in the biixilar receiver is a circular plate clamped at the 
edge. See .Sec. .1.5. 'I’he first resonance is usually placed at 1000 cycles. 
In the range U'low KXX) cycles the system Is stiffness controlled. 

If II telephone receiver is very carefully seolcd to the ear so that no leak- 
age occurs between the ear cap and the ear, the acoustic impedance pre- 
sen tL’tl to the telephone receiver by the car is an acoustic capacitance. In 
ortlcr that the sound pressure be independent of the frequency under these 
eoiuiitions the ratio of the current to the amplitude must be independent 
of the faHpieney. 'Phe sound pressure delivcretl by a bipolar telephone 
arciver h) a cavity an a function of the frequency is shown in Fig. 10.1. 
In the range lx.‘low the resonance frequency the re-simnse is independent of 
the freiiuency. At the first resonance frequency f»f the diaphragm the 
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tapoDM u very high. Above the resonance frequency the 
cna^rapidly with frequency. The peak at 3000 cycles is the second 

resonance frequency of the diaphragm. ^ , Ui. 

The response frequency characteristic labeled A, Fig. 10, 1 , was obtained 

with no leak between the ear and the ear cap. In all hard car ciipa n teWt 
occurs between the car and the telephone receiver and the acoustic im- 
pedance presented to the telephone receivers is considerably more 
than that of a capadtance of a small cavity. In the case of ^ephonc 
receivers worn in the customary manner the acoustic impedance has three 
components, namely: the resistive and inerdve components due to the krtK 
between the car cap and the ear and the acoustic capacitnnee due to the 
ear cavity. Iliese factors will be considered in detail in the section on the 

testing of tdephone receivers. See Sec. 11.4. 

The response characteristic indicated as £ in Fig. 10.1 wna taken on^an 
artificial car which simulates the conditions encountered in actual practice. 
The artificial car, see Sec. 1 1 .4S, introduces a leak which corresponds^ to 
the leak between the ear and the ear cap. It will be seen that the cfl'ect 
of this leak is to reduce the response at the lower frequencies. Those 
familiar with telephone receivers have noticed that the low frequency re- 
sponse is increased when the leak is reduced by pressing the telephone re- 
edven tightly against the ears. 

Since the development of the bipolar telephone receiver by Alexander 
Graham Bell the construction has remained essentially the snme. Im- 
provements have been made in sensitivity and response by the use of better 
materials. However, the clomped plate diaphragm ch arnctenv^id by 
promihent rcaoiumt peaks was retained. Referring to Fig. 10. it wi II be 
seen that the peaks due to the first and second resonance fall within the 
response range. These resonances not only introduce frequency distortion, 
but increase the intensity of reproduction of clicks due to the poor trail- 
dent response. See Sec. 7.16. 


A new receiver^ has been designed in which all the prominent resonnneea 
within the response range have been eliminated and the response Frequency 
characteristic improved both from the standpoint of uniformity ns well iia 
from the frequency range. The new receiver is of the bipolar permanent 
magnet type. The magnetic circuit consists of pole pieces of 45 per cent 
Permalloy, two straight bar magnets of Remalloy and a Permandur iliii- 
phragm. The use of these materials increases the efficiency of the unit. 

The equivalent electrical circuit of the mechanical system is shown in 


‘ Jones, W. C., 7eitr. AJ.E.E.^ VoL 57, Na 10, p, 559, 1939. 
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Fig. 10.2. The mass of the diaphragm is represented by w*. The com- 
pliance and mechanical resistance of the diaphragm are designated as 
Caio and f'in- The back of the diaphragm is endo^, forming the com- 
pliance Cat I due to the resulting cavity. This cavity is connected to the 
recess in the receiver handle by a hole in the plate. A spedal silk covers 
this hole, forming the mechanical resistance rm and the mass mi. The 
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EQtmuMT cMcirr 



Pin. tO.2. CraHMKcrionKl view. electricBl drcidt, and cqidTtk&t dreuit of uiimpnmd U* 
politr tvlcphcme reedver. 'I‘hc graph itiowi the praourc reaponae frequency chmeteriatie 
of the receiver feeding a duml cavity. The doti rcprcient reaponae computed from equlv* 
aknt circuit. (After Junea.) 


volume due to the recess in the receiver handle forms the compliance Cjn* 
'11'ic lutlcs in the car cap form the mechanical resistance fin and the mass 
»/r. 'I'hc ttmipliance Cut is due to the cavity between the car cap and the 
diaphragm. Tlic response of this receiver was taken by measuring the 
jiresRure generated in a plain cavity. This cavity is designated by the 
anuplinncu Cm, The holes in the grid ettvering the receiver proper are 
large uiiotigh to have no reaction upon the response. A resilient screen of 
ailk. is mounted on the hack of this grill. The moss of this screen is very 

small and is lunUKd with the diaphragm mass 

'Ilic uluctrical jvirtion of the circuit consists of the winding resistance rm. 
and iiwUictance U. 'I’he eddy current elements are designat^ as rji and 
u. 'Iliu electrical impetlance due to the mechanical system is designated 
by the motional imixtlnnee See Sec. and equation 6.19. The 

forccyj/ can lie ohtainetl fn>m equation 10.1. 

'Ilic rcsjxmse ctniiputetl by means of the equivalent electrical circuit is 
shown by the dots on the graph of Fig. 10.2. The measured response is 
given by the curve on this graph. 'I’he agreement is very good and shows 
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that it ia possible to predetermine the response and to evaluate the effect 
of changes in the constants of the component parts. Comparing the re> 
sponse of Figs. 10.1 and 10.2 it will be seen that large gains have been 
effected in nniform response over the entire range and in sensitivity from 
1500 to 3000 cycles. 

B. Crytt^l Telephone Receiver. — A crystal telephone receiver* cojOBists 
of a light diaphragm connected to a Rochelle salt crystal, Fig. 10.3, The 
crystal as a driving system was considered in Sec. 6.5. TTie three corners 
of a ** bender ” crystal arc fiutened to the cose. The fourth corner ia 
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. tO J. Cr ow.icc_tioml Tiew.cfcctricdrcnit and equivalent circuit of the mochanioil aystem 

telephro reedver. In the electrical circuit; t the voltage of the gcficmtnr. 
™ s™«iDr ^ui the external icriei roditwioc. and Cua the rc«iii- 
cap^tantt of the cryatol. In the equivalent drcidt: m the mniii nf 
ptan^. Cj o and rjn tlM cooipllance and mechanical reoHtance of the ouMieiutnn. 
"UJoa^i^the wpBanw mechanical reoiacance of the cryatal. /« the force 
n n • .* J^B™ph ehowi the preuure reapotiae frequency chameteriaric. 

if. Recaver feeding a doted cavity, if. Receiver feeding an ardfidnl car. {After Willinnia.) 


fistwed to the diaphragm. The impedance of a crystal telephone is pri- 
man y a capaative reactance. Because of this fact the low freuueiicv rt^ 
sponM may raised relative to the high frequency response by connecting 

•" *!?“ ”'!! A high raiisuncc must I “ 

at mpttUnce of the cryatal ia very high, heing 80,000 iihma 

charaacmtic feeding a plain cavity (acoustic ca- 
paa^a) 1 , indicated by B, Fig. 10.3. The response frequency clmrnc- 
teraoc tsken on m srnScial esr is indicated by /I, Fig. 10.3. 

dynamic telephone receivei^ oin- 
sista of a light di aphragm coupled to a voice coil and a suitable acousticul 
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network for controlling the response, A cross-sectional wew of a typical 
dynamic telephone receiver is shown in Fig. 10.4. The equivalent electrical 
circuit of the mechanical system is also shown in Fig. 10.4. 

The electrical impedance, in abohms, due to the mechanical system is 
given by 

Bl 

“ — 10.2 

• *jf 

where B flux density in the air gap, in gausses, 

/ ^ length of the conductor in the voice coil, in centimeters, and 
= total mechanical impedance at /v, in mechanical ohms. 



voice COL utcurr eoMUKT cncurr 



PRCQUCHOr 


Kin. 10.4. Cron-Kcrionil view, the vdoc ootl dredt and the eqaivalcnt dreuit of the mechan- 
ical Hjatcfn of a d^amic telephone receiver, i the voltage of the generate, m die 
rcfiiitiiJice of the generator, rg/i the damped reaiitaiKC of the voice coil L the indwrtance 
of the voice odl. %mu tho motional impedance. In the equivalent dtcuit; m the man of 
the diaphragm. C^n and rm the compliance and mechamca) reititance of the ntpenBcm. 
Ml aikl rm the man and mechanical renstance of the ilit. Cvi the compliance of the cavitf 
behind the diaphragm, /m the force generated in the vdoc odl. The graph ihowi the 
(ireMune reaponac fmiuency characteristic. Receiver feeding a dooed cavity. Re- 
ceiver feeding an arriraal ear. (Afttzr Wente and Thuraa.) 

In dynamic telephone receivers the flux density is relatively low and zsu 
is small compared to rgo and may be neglected. 

The force /if, in dynes, is given by 

/if - Bli 10.3 

where /, the current in abamperes, is obtained from the electrical circuit, 
[n general, the force fu is practically a constant and may be considered a 

constant in the equivalent circuit. 

'1‘hc naponse feetling a plain cavity is indicated by //, Fig. 10.4. The 
resixmse measured on nn artificial ear indicated by fl. Fig. 10.4, shows 
that the response at the low frequencies is reduced due to the leak. 
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D. InduaorT$liph0neRi€9ii>^^^^. —The effect of the leak between the 
Mf and the car cap upon the rcaponac of a telephone receiver has been o«t- 
Kncd in the preceding sections. Obviously, from a practical standpoint 
the pcrfonnance of a telephone receiver should be independent of the leak 
between the ear and the ear cap. In order to design the vibrating systeni 
of the cel^hone receiver so that constant sound pressure will be delivered 



Fak lOJ. CroM ardontl view tiid eqnivtlent drciut of the iicoitf tinl tyitcm of on inductiir 
tdapboM reedm. In the equivalent drcalt Mi the itiertanoe of the diaphragm and con- 
ductor. Cji tnd rn the ocomdc capacitance and acoustic rcsiatance of the diaphragm 
mipcTwion, ld% and rjd the Inertincc and icoiudc rettscance of the bolt of ailk, Ca$ find 
Til the acomdc copadtanoe tod teotude realstance of the cavity behind the diaphragm. 
M\ the inertonofi of the tube. Cu the ooouadc capadtonce of the cose volume. Mh and 
ru the uiertuice tod aeouidc redsbmoe of the hole in the case. Mm and tam and Cam 
the ioertiuioe, aeousdc resiaciiKe and ocoutdc capadtance of the enr. p the driving prcH- 
im. p ii/jf divided by the on of the diaphragm. The graph showt the prewure rciponoc 
frequency chanctefisde. A. Receiver feeding i elated cavity. Heaver feeding an 
ordfidol ear. 

■ 

to the ear, the nature of the acoqstic impedance looking through the aper- 
ture of the ear cap must be considered as a part of the vibmdng system. 
The impedance characteristic, looking through the aperture of the ear 
ci^ of a telephone receiver, is shown in Fig. 11.15, Sec. 11.45. These 
characteristics show that the impedance is positive and increases witli 
frequency up to 400 cycles; between 300 and 500 cycles it is practicaJly 
resistive and above 400 cycles it is negative and decreases with frequency. 
A generalization of the requirements for maintaining constant sound pre®- 

* Vol. 6, No. 4, p. 240, 1935. 

• ason, H. F., W Soc. Mot. Pie. Eng., Vol. 27, No. 5, p. 537, 1936. 

« Olion tnd Mtm, Applied Acouitlcii,’* P. Blalciston*. Son and Co., Philn- 
ddphio. 
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Bure in the ear cavity under these condidons is as follows: the velocity of 
the diaphragm below 300 cycles must be inversely proportional to the frc- 
quency; between. 300 cycles and 500 cycles the velodty should be inde- 
pendent of the frequency and above 500 cycles the velodty should be 
proportional to the frequency. 

llie equivalent circuit of a telephone receiver which delivers practically 
uniform sound pressure to the ear cavity in the presence of a normal leak 
is shown in Fig. 10.5. The equivalent circuit of the ear Is shown dotted. 
The ** V ” shaped diaphragm is driven by a straight conducmr located in 
the bottom of the " V.” Hie dectricol drcuit is the same as in the case 
of the dynamic telephone receiver. The pressure p may be considered to be 
independent of the frequency. 

The response frequency characteristic taken on an artifidal car is in- 
dicated by Fig. 10.5. The constants were chosen to give the smoothest 
response between 60 and 7000 cycles. The re^nse frequency characteris- 
tic with the receivers feeding a plain cavity is indicated by Fig. 10.5. 
ITic small difference between the response with and without a leak indicates 
the effectiveness of this type of vibrating system in minimiring the efiect 

of the leak between the ear and the car cap. 

10.3. Phonographs. — A phonograph is a system for the reproduction of 

sound from a record. Today, a phonograph usuaUy refers to a system in 
which a stylus (neetlle) follows the undulations in the groove of a record 
and transforms these undulations into the corresponding acoustic or el^ 
trical variotions. The record may take the form of a cylinder or a flat disk. 
'I'o-dny, the flat disk record is almost univeraally used for entertainment 
while the cylindrical record is used for dictographs. In the hiU a^ dde 
;i*tical tyiie record the undulations ore cut in a diction normal to the 
surface In the lateral record the undulations are cut in a direction parallel 
to the airfocc of the record. The iMend record, are o«ed for home repro- 

duccUni. noth vertical and lateral record, are to h^h 
imaloction. a., to eaample. in trenKription. to ™ 

to etjnaidcr a mechanical phonograph, phonograph pickups and dMtoroon 

a!“mSSL'/ - A ineehanical phon^ap^ia a 

aciaintic tranadoeer actuated by a phonograph “5. A 


cir vcv 


an ac 


;<wstical ayaton ladiate. acouatk energy into a room or open air. 


Maalielil anil Harriaon, lUI SjH. Tuh. 7««r.. Vol. 5, No. 3, p. 493, 1926. 
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crass-Bcctional view and the equivalent circuit of a mechanical phonograph 
is shown in Fig, 10.6. The system consists essentially of a diaphragm titt 
coupled to a needle Cm driven by a phonograph record. To improve the 
radiation effidency, the diaphragm is coupled to the horn zuu. The record 
mechanical tut impedance is usually large compared to the impedance of 
the remainder of the system save at the high frequencies, llie record 



Fio. 10.6. CroMeclkiial view and equiTalent citcait of b mcchmiical phonograph. In the 
equivalent drcdti awa the mechanical impedance of the record, ('m. Cm, Cm, Cm 
Cm, Cm ood Cm the oompfiencee of the needle, the needle holder arm pivot, the needle 
holder ano, the connector, ihe ipider, the •utpeniion and the air chamber, an, mt and wa 
die mam of the needle holder arm, the ipider and thcdiaidtragni. 1 m// the impednneeat die 
throat of the horn. /ti the force generated by a oonatant veUH;it)r generator. 'I'he graph 
ihowa the prenore imiNniie frequency characteristic of a coniolc ty|)e mechanical pbuno- 
graph. (After Maxfield end Harrison.) 

mechanical impedance is a Junction of the type of niaturinl. Obviuuslyi 
it is higher for the harder materials. The generator in the equivalent cir- 
cuit of this system is of the constant current type. 'I'hat is,/j/ delivers 
constant veloaty to the equivalent circuit. 'I'hat is, the veUx'ity is indepen- 
dent of the impedance of the load. 

The velocity response frequency characteristic of a typical phono- 
graph record Ibr constant voltage input into the microphone amplifier 
(see Sec. 12.4^^ is shown in Fig. 10.7. To prevent ovcrcutting the groove 
the system is compensated so that the amplitude fiir c<}nstant input is cs- 
scnti^ly independent of ^ frequency below 500 cycles. 'ITicrefore, the 
velocity under these conditions falls off 6 ilb per octave lielow 5(X) cycles. 

From this characteristic and the equivalent circuit, the performance uf tlie 
system may be determined. 

The response fwiuency characteristic of a mechanical phonograph of 
the console type is shown in Fig. 10.6. 

B. Phonograph Pickups. A phonograph pickup is an electromechanical 


PHONOGRAPHS 


235 


tranaducer actuated by a phonogiuph record and delivering energy to an 
electrical system, the electrical current having frequency components cor-* 
responding to those of the wave in the record. The systems for converting 
the mechanical vibrations into the corresponding electrical variations are 



rncqucMCv in craxt peh accom 


Fio. 10.7. Vekxity response frequency chancterintic of « phonograph record with ooutniie 

voltage applied to on cquolixcd recording ompEfier, 

as follows: magnetic, carbon contact, condenser, dynamic and crystal. It 
is the purpose of this section to consider examples of some of the most com- 
mon phonograph pickups in use to-day. 

1 . Cryttal Pickup. — A crystal pickups is a phonograph pickup which 
depends for its operation on the pie^coclectrie effect. The crystal in use 
to-day is Rochelle salt. A cnus-scctional view of n typical crystal pickup 
used in commercial phonographs is shown in iMg. 10.8. The needle, driven 
by the record, is coupled to the crystal. 'Hie elements of the system and 
the equivalent electrical circuit are shown in h'ig. 10.8. 'I'hc displacement 
of the crystal can be determined from the etjiii valent electrical ciraiit of 
the mechanical system and the velocity of the generator obtained from 
Fig. 10.7. The voltage output cjf the crystal is pro|xirtional to the dis- 
placement. Therefore, the {>pcn circuit voltage at the low frequencies is 
accentuated as shown by the response characteristic /t, l''ig. 10.8. 'Hie 
internal electrical im]iedance of the crystal increases with the decrease in 
frequency since the crystal is essentially nn electrical eajiacitnncc. 'Hie 
open circuit voltage characteristic renders the low frotpicney compensation 
problem exceedingly simple. 'I'he resjionse fre(|uency characteristic of a 
pickup with a resistance shunting the crystal is indieatetl by A, lug. 10.8. 
'Fhe high frequency response of the crystal shows a cutoff around 7000 

^ Wiliams, A. L., your. Soe. Mot. Pic. Eug., Vul. 32, No. 5, p. 552, 1939, 
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cydes. This cutoflF can be made any value up to 15^000 cycles by a suit 
able chdoe of constants. 



Fvk 10 l&. CiDiHecCkmsI view and equivalent dreuit of the mechanical ■yatem of ■ cryilal 
pidrap. Id the cqwalent drenit: kvj the mcdunicil impedance of the recotd. Cud 
tbeoonipBanceof twneedk. ati the maai of the needle holder* Cj/i the ccnnpljance of tha 
ahaft. Cjnnn and Cuirjn the complianoei and mechanical realitanccs of the cryatal eup- 
pocta. mo^ Cue and rare the maia, compliance and nicchanical reeUtance of the cryitaL 
m% the mait of the pickup and tone arm* /m the force generoted by a conatant veiodty 
generator. The graph ahovra the voltage reqsonac characteriidct with the reoHd charto- 
- terbdc of Fig. 10,7. /f. Open dreuit raponae characteriidc. B, Reqxmte duiracterbtie 
with 500,000 ohma ahnotlog the cryataL 

Z Magnetic Pickup. — A magnetic pickups* is a phonograph pickup 
whose electrical output la generated in a coil or conductor in a magnetic 
field or dreuiL A typical magnetic pickup is shown in Fig. 10.9. The 



Flo. 10.9. MagDodc pickup and theec^olTalentdrcaitof the mechanical aya tern. In theequlT- 
ile&t drruits Hui the mechanical impedance of the record. 6 'm the compliance ot the 
needle, mi the mm of the needle holder and armature. Cm the compliance of the needle 
holder pivot. Cm ud rui the compliance and mechanical rcaiatance of the damping ma- 
terifd. ah the maaa of the pickup and tone arm, /u the force gen er ated by a conatant ve>- 
lodty generator. The graph ihowa the voltage responie frequency characteriitica, Re. 
ipotiae with the record chameteriade of Fig. 10.7. R. Equatlxed reaponae characteriidc. 

■ Kellogg, E. W., Ttfflr. /. E. E.,Vol 46, No. .10, p* 1041, 1927. 

• Haabrouck, R J,, Proc. L IL Vol. 27, No, 3, p, 184, 1939. 
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motion of the needle ia transferred to the armature. The steady ftox is 
furnished by a permanent magnet, llie armature is of the balanced type 
so that in its central position there is no flux through tlie armature. Whw 
the armature is deflected, a flux flows through the armature which induces 
a voltage in the coil. Assume that the armature is deflected a distance 
A#. Hie flux, in maxwells, through the path 1, 2, assuming all the reluo 
tance resides In the air gap, is 


M 

“ 2(tf - tx) 



where M « magnetomotive force of the magnet, in gilberts, 

a » spacing between the armature and the pole, in centimeters, and 
tix * deflection from the central position, in centimeters. 

The flux through the path 2, 3 under these conditions is 



Af 

2(fl + Ajc) 



The flux, in maxwells, through the armature la 

AfAx ' AfA;r 

^ (to)i + “ST 



If the displacement Ax takes place in the time A/, then the rate of change 
of flux with respect to time, is 


Af A» 
A/ <1* A/ 



In the limit 


^ __ M 

d!f 



The voltage in abvolts, generated in the coil is 





where N * number of turns in the coil. 

Equation 10.9 shows that the generated voltage will be independent of 
the frequency if the velocity of the armature is independentof the fiequency. 

The equivalent circuit of the mechanical system is shown in Fig. 10.9. 
Damping, represented by the compliance Cut and the mechanical resis* 
tance ruu is furnished by a suitable material such as vlsooloid. The re* 
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sponse frequency chamcteristic with record chamcteristic shown in Fig. 10.7 
M shown in Fig. 10.9. 'I'he output below 1000 cycles is similar to that of 
the record. Some compensation in the amplifier must be provided, to oom- 
pensAte for this drooping characteristic. The peak at the low frequencies 
ja due to tlie resonance of the total moss of the pickup and tone arm mi 
with the compliances Ctn and C'jn. Below this resonance frequency tlie 
mass reactance due to ffn becomes small compared to the impedance of the 
compliance elements and the output falls off rapidly with decrease in 
frequency. 

3. Dynamit Pickups — A dynamic pickup is a phonograph pickup in 
which the output results from the motion of a conductor in a magnetic 



Fto. 10,10. CroM-aectioiMl vinr and equivalent clrciu t of the mcchnnicol lyatem of ndynonilc 
pickup. In the equivalent drcuiti Xjir the mechanical impedance uf the record, an 
the man of the nedle and race coil. Cm and rjn the compliance and mechanical rm. 
tance of the luapenaMn lyttem. nri the main of the (nckup and tone arm. Ja the force 
fcnemied by a constant velocity generat or . *l*he graph ihnwa the voltage rcaponie charac* 
terittk inth the teoord choracterisdc of Pig, 10.7. 


field. Fig. 10.10 shows a cross-sectional view of a dynamic pickup’" fts* 
the reproduction of hill and dale records. 'I'he principal mechanical im- 
pedance is due to the moss of the needle and coil. 'I'he outjiut of the coll 
is proportional to the velocity. Therefore, the response characteristic is 
similar to that of the magnetic pickup. 

C. Disfoiiion in Record Reproduction'^’ “. — I’he reairding and repro- 
ducing of a phonograph record is a complicated process and there are many 
sources of nonlinear distortion. 'The record does not present nu infinite 
impedance to the needle. As a consequence, the vibrating system of the 
pickup is shunted by the effective mechanical impedance of the I'ccord at 
the needle. Nonlinear distortion will be introduced if the record is a vari- 
able element. 


w Frttlcrick, H. A., Jour. Sot. Met. Pic, £»jr., Vol. 18, No. 2, p. 141, 1932. 
“ DL Toro, M, Jf., %«r. Soc. Mot. Pie. Eng., Vol. 29, No. 5, p. 49.1, 1938. 

'■ Pierce nnd Hunt, Jour. Jeout. Soc. Amtr., Vol 10, No. I, p. 14, 1938. 
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Another source of nonlinear distortion is due to a deviation in trackiog>^ 
commonly tcrmetl tracking error. The angle between the vertical plane 
containing the vibration axis of the pickup and the vertical plane containing 
the tangent to the record is a measure of the tracking error. If the vibra^ 
tion axis of the pickup passes through the tone arm pivot, the tracking, 
can be zero for only one point on the record. Hie tracking error can be 
reduced for the entire record if the vibration axis of the pickup is set at an 
appropriate angle with the line connecting the needle point and if the 
length of the tone arm is suitably matched to the distance between the 
tone arm pivot and the record axis. For a tracking error of IS" the dis- 
tortion is approximately 4 per cent. However, by the above expedient 
the tracking error can be reduced to ±5". With this tracking error the 
distortion is negligible. 

Another source of nonlinear distortion is due to the finite size of Ac 
stylus or needle point. The curve traced by the center of the needle slid- 
ing in a sinusoidal groove is not sinusoidal. This distortion may be r^ 
duccd by reducing the size of the needle point. It is interesting to note 
that this distortion is greater in vertical cut records than in lateral. The 
push-pull effect of the lateral record tends to reduce the second harmonic 

distortion. 

Another source of distortion is due to the lack of correspondena between 
the linear groove speed in the recording and ultimate reproduction. This 
type of ilistortion is termed " wows.” This may be due to a nonuniform 
speed of the record turntable during recording or reproduction, misplace- 
ment of the center hole of configuration distortion during the processing. 
In general, the major source of " wows ” is due to nonuniform speed of the 

reproducing turntable. , e %. e ^ ^ 

'I*he record surface noise, in the absence of any signal, is one of toe factora 

which limits the volume range and the frequency range of phonopaph 
records. The amount of surface noise for a given roMrd is proportional 
«. the frequency bend width. In order to reduK the .urf.ee no.M to . 
tnlernhle value it U uMudly neceMUy to limit the high frequency ranp. 
A method for decreasing the effective iurface noiK MMt. of ■ncr e' i y g 
the amplitnde of the high frequency reaponm m i^ng ud 

prcaiim complementary eitpiin.ion may be introduced in the reproduction. 

. ® (Mncy, Ben^ EltetronUs, Vol. 10, No. 1, p. 19, 1937. 
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104. Bleotxleal Mnaical IhBtmmttnts**. — The vacuum tube oacUlatoi 
and amplifier haa opened an entireljr new field for the production of sound 
of practically any frequency, quality or amplitude. Many musical instru- 
ments employing various types of vibrating systems and associated vacniun 
tube oscillators and amplifiers have been developed. 

The simplest system for the amplification of string instruments Elce 
violins, guitars, banjos, pianos, etc., consists of a vibration pickup ottnched 
to the body or sounding board, an amplifier and a loud speaker. 

Electric pianos’* have been developed in which the vibrations of the 
strings are converted into the corresponding electrical vaiiationa. In one 
system, the variation in capacity between the string and on insulated plate 
is used in a manner similar to the condenser microphone. In another, tlic 
string acts as an armature in an electromagnetic system. The outpitts of 
the pickup systems are amplified and reproduced by means of loud speakers. 

One type of electric oigon’* consists of a number of small alternators 
' (one for each note), a keying and mucing system for adjusting the quality, 
an amplifier and a loud speaker. Ano^er electric organ’’ employs wind 
driven reeds. The vibrations of the reeds arc converted into the corre- 
sponding electrical variations, amplified and reconverted into sound by 
means of loud speakers. 

A versatile electroiuc musical instrument in which the wave shape 
and harmonic content may be varied over wide limits derives the needed 
frequencies from twelve high frequency oscillators followed by cascade 
frequency dividers in which the frequency is divided in each stage, llte 
overtone structure of each note is made a function of the input level by the 
use of an over-biased nonlinear amplifier. Practically any musical instru- 
ment such os the organ, piano, guitar, violin, trombone, etc., con be shiiu- 
lated by this instrument. 

Electric carillons’* consisting of tuned coiled vibrators, magnetoelectric 
translators, amplifiers and reproducers possess qualities which are quite 
similar to the conventional carillons. 

The voder" is an electrical arrangement which corresponds to the mech- 

^ For a oomp^ensive paper on " Electronic Music and Instruments," Mieisncr, 
B. Fy Prpc. J. R. £., Vol. H No. 1 1. p. 1427, 1936. 

“ Mieasner, B. F..PrM. 1. R. A., Vol, 24, No. II, p. 1427, 1936. 

"Hammond, L,, U. S. Patent 1,956,350. 

» Hoschke, U. S. Patent ^015,014. 

" Hammond, L., Scitnett Vol. 89, p. 6, Feb. 10, 1939. 

**■ Hammond, L., Eiectnatics, Vol. 12, No. 11, p. 16. 1939. 

« Curtisi, A. N., U. S. Patent 2,026,341 

» BiU Likomortes Record^ Vol. 17, No. 6, Feb., 1939. 
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anism of human speech in all the essentials of kinds of sound and of the 
completeness of control. In the voder there is an electrical source of sound 
corresponding to the vocal cords. These are the vowel sounds. This is 
a relaxation oscillator which gives a saw-tooth wave of definite pitch. An- 
other source of sound supplies the consonants. By means of coupled 
to filters and attenuators the operator can simulate the sounds of speecli. 

10.B. Hearing AidsF'**. — Testa made upon representative cross sections 
of the people in this country show a very lai^ percentage to be hard of 
hearing. Practically all of these people may obtain satisfaction from the 
use of a hearing aid. A hearing aid is a complete reproducing system which 
increases the sound pressure over that normally received by the ear. 


ATtOiimii 

mwcmtn 

C 

Fio« 10.11. Hetring Aldt. Srnide beftring rid* -fi. Hcnring aid with a carbon ampfiflcr* 

C. Arrangement of the compooena of avACiiiun tube hearing aUL 

m 

The simplest hearing aid consists of a carbon microphone, a battery, an 
attenuator and a telephone receiver, Fig. 10.11^. llus hearing aid will 
give satisfactory service where the hearing loss is about 20 db. 

The hearing aid shown in Fig. 10.1 Ifi consists of a carbon microphone, 
carbon amplifier, an attenuator, a battery and a telephone receiver. This 
hearing aid will give satisfactory service where the hearing loss is about 

40 db. 

The quality of the carbon type hearing aids is usually very poor, due to 
the frequency and the amplitude distortion produced by the carbon micro- 
phone and amplifier. 

During the past few years considerable attention has been directed to- 
ward hearing aids employing vacuum tube amplifiers. The schematic 
arrangement of the components of a vacuum tube hearing aid is shown in 
Fig. 10.1 1C. The quality is far superior to that of the carbon type. Fur- 
thermore, suitable compensation circuits may be incorporated to comple- 
ment the ear characteristics. At the present time the vacuum tube hearing 

■Tuffhell, W. L,, BtU IjAx- /iworrf, Vol. 18, No. 1, p. 8, 1939. 

“Hawley, W. C, EtU Lais. Record, Vol. 18, No. I, p. 11, 1939. 
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aidfl are considerably larger in size and weight and arc more costly to oper- 
ate than the carbon type. 

Hie air conduction receiver is shown in Mg. 10.12//. A molded plug fits 
the ear cavity and holds the receiver in place. Due to the small tuzc nnd 
method of mounting, the receiver is quite inconspicuous. 
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Fro. 10.11. Hearing lid telephone leoelverB. A, Air conduction receiver. B, Done conduction 

receiver. 


In certain types of deafness, the middle ear, which consists of a series of 
bones that conduct the sound to the inner ear, is dnniogutl while the inner 
ear, consisting of the nerves, is normal. Under these conditions sound 
vibrations may be transmitted through the bones of the lictui to the inner 
ear by means of a bone conduction receiver, Mg. 10.12/3. Usually the face 
of the receiver is placed against the mastoid bone l)ehind the enr. 

10.6. Slrsns** (Compressod Air Loud Speakers). — 'Phe simplest siren 
consists of a revolving disk perforated with n ring of equally spaced holes 
which inter rupt a jet of air from a tube placed close to one aide of the disk. 
The fundamental frequency of the successive puffs of air issuing thmugll 
the holes is equal to the prt^uct of the numlier of holes and the rvvolutions 
per second of the di^ The wave form, of course, dejicnds upon the Hlia|ic 
of the holes in the disk and the shape of the projection of the air tube upon 
the disk. The pressure of the air supply in laige sirens is usually very high, 
of the order of 100 pounds ^ square inch. In the smaller sirens the nir 
pressure is supplied by a single stage centrifugal pump and the supply 
pressure is of the order of a pound per square inch. Small sirens are used 
1^ police cars, ambulances and fire engines for signalling the appnutch of 

^ Large power sirens ore used on firehouses, lighthouses iind 

lightships. 


Wood, “ A Textbook of Sound,’’ Macmillan Co., New York. 
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The comprcfised air loud speaker (insists of an electrically actuated mlve 
which interrupts or modulates on air stream. Tlius, the output conaista 
of a series of puffs, the envelope of which cuiTcsponds to electrical impubwa 
which actuate the valve. Horns are usually coupled to the system to im- 
prove the efficiency. In these systems tlie sound power output may be 
several dmes the electrical input to the valve. As a consequence, it is 
possible to obtain very large acoustical outputs with relatively small elec- 
trical inputs (small power amplifiers). 

10.7. Super Bonlca**'*^. — Supersonics, in general, refers to acoustic waves 
of a frequency higher than those which may be heard by the ear (about 
20,000 cycles). Supersonic frequencies ore used for directional signalling 
in water, location of the depth of the ocean bed by the echo method, as a 
light valve in television projection and various other applications. It U 
beyond the scope of this book to consider the subject of supersonics. 

Piezoelectric and magnetostriction oscillators are the systems moat used 
for the production and reception of supersonic waves. E^ezoelectric micro- 
phones and telephone receivers have been considered in Chapters 1 X and 
X. Ficzoelectric supersonic generators and microphones usually employ 
either Rochelle salt or quartz crystals. Magnetization of magnetic ma^ 
terials such ns iron, nickel and nickel alloys produces a small change in the 
dimensions. A rod of these materials surrounded by a coil carrying an 
alternating current will experience a change in length corresponding to the 
magnetic held produced by the coil. If the frequency curresponda to one of 
the resonant frequencies of the rod, the amplitudeof the resulting vibrations 
will be relatively large. Ibe same system may be iim»1 for a microphone. 

Ibe Gallon whistle is another means of generating supersonics in air. 
Sounds of frequencies up to 100,000 cycles per second have been generated 
by the Gallon whistle. 

lOA. Seismic Detectorh**. — The variation of the velocity of sound in 
the various strata comprising the earth's crust forms the basb of geo- 
physical investigations in prospecting for oil. The detonation of a charge 
of dynamite creates an acoustic wave which is reffccted from the various 
strata of the earth's surface. These reflected waves arc picked up by 
microphones connected to recording oscillographs and |{>catcd in strategic 
positions on the earth’s surface. From the geometrical con figuration of the 
apparatus, the oscillograph record, and the velocity of sound in various 

** Bcrgmann, " Ultrasonics," G, Hell and Sons, Ltd., Titmdon. 

"Olson and Mnna, “ ApplinI Acinistics,” P. RUkistan'a and Co., Philadel- 
phia. 

• Silverman, Daniel., AJ.E.E., Vd. 58, No. 1 1, p. 455, 1939. 
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types of strata) the confirmation of the various strata may be determinedi 
Oil pools aft located in curved strata termed by geologists as anticlines. 
The presence of anticlines may be determined from seismic mensurementi. 

Magnetic, carbon, crystal, condenser and dynamic microphones have 
beeniiaed (or detectors. The large amplitude frequency components of 
seismic waves are usually confined to the lower frequencies. Theitiore, 
the response of the microphone is confined to the range below 100 cydesi 
For these applications a magnetic microphone having a system similar to 
the reed type, Fig. 6.1, has Imn found to be very satisfactory. The umi^ 
tore is usually made massive and the stiffness small in order to obtain high 
sensitivity in the low frequency range. The microphone is placed directly 
upon the earth’s surface. The microphone proper then vibrates with the 
earth’s surface, The massive armature opposes any change from its posi- 
tion of rest. As a consequence, there is relative motion between the anni^ 
ture and the microphone proper which results in the production of a voltage 
corresponding to the vibrations of the earth’s surface. By suitable orien- 
tation, the microphone can be made responsive to only vertical vibradons. 
As a consequence, the wave transmitted directly through the earth is not 
reproduced. 



CHAPTER XI 


MBABtnUBMBNTS 

11.1. Introductloiu The rapid progress made in acoustics during the 
past two decades has resulted in a corresponding advance in acoustical 
measurements. In applied acoustics, os in any applied science, theoretical 
analysis and analytical developments ore sulMtantiated by experimental 
verifications. In view of the importance of acoustical measurements, it 
seems logical to devote a portion of this book to that phase of acoustica. 
It is the purpose of this chapter to consider the testing of microphones, 
loud speakers and telephone receivers together with fundamental acous- 
tical measurements. 

U.S. CaUbtation of Microphanes — A number of different measure- 
ments ore required to determine the performance of a microphone. The 
most important characteristics which depict the jx*rformance of a micro- 
phone are ns follows: 

1. Response frequency characteristic. 

2. Directional characteristic. 

3. Nonlinear distortion characteristic. 

4. Phase distortion characteristic. 

5. Transient response characteristic. 

6. Electrical impedance characteristic. 

In addition to the above characteristics are such factors as the effect of 
temperature, humidity and changes in atmospheric pressure ujion the per- 
formance of the microphone. Carlxm microphones exhibit characteristics 
peculiar to granular contacts such os carbon noise, packing and breathing. 

A. Response Frequency Chanuterisiie. 

1. Pressure Response. — The pressure response frequency characteristic 
of a microphone is the ratio ejp as a function of the frequency where e is 
the open circuit voltage generated hy the microphone in volts and p is the 
sound pressure in dynes jkt square centimeter upon the diaphragm of the 

1 Amcricsn Standards Association Sectional Committee x-24, Report on, Cali- 
bration of Miermhones, "Jour, Aeons, Soc, Amer., Vol. 7, No. 4, p. 33, 1936. 

’Standards of the Institute of Radio Engineers, 1933. 
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microphone. The ratio efp is usually expressed in decibels with respect 
to some arbitrary reference level. The pressure upon the diaphragm nin/ 
be generated by a pistonphone, thermophone or an electrostatic actuntiir. 

(a) Putonpkme — A schematic arrangement of a pistonphone (or 
use in calibrating a pressure type microphone having a diaphragm of higli 
acoustic impedance is shown in Fig. \\.\A. The smalt piston is driven 



PIIT0HPHOIIC THEUiamolK CLXC1M«TAnC ACTUATOA 


Fra. 11.1. Apparstni br obtnijQing the prewnt) frequency chancteriitic of a condenser ly po 
microphone. The pSitoophoae uid thennophone may be used (or other types of prsssiirc 
mkrophooBS. 


by a crank. The pressure generated at the diaphrogmi assuming all or 
the walls of the enclosure to be rigid) is 


rAp^ l , jy - 1 )^, 1 / ( 7 - 1 )^, 

y \ ^ ay, "^ 2 ^ ay. 




where p » peak pressure, in dynes per square centimeter, 

y, ~ volume of the enclosure, in cubic centimeters, 

A area of the piston, in square centimeters, 
r radius of the crank, in centimeters, 
p, " atmospheric pressure, in dynes per square centimeter, 
y — ratio ofspecific heats (1.4 for air), 

“ ■ = 3.9 v7 for air. 50"C, 

Aa ■" area of metallic walls, in square centimeters, 

K — thermal conductivity of the enclosed gas (6.2 X 10** for air) 
p B density of the gas, in grams per cubic centimeters, 

Cj >= specific heat of the gas at constant pressure (.24 for air), 

M = 2i^, and 

/ = fi'equency, in cycles per second. 


* Olson and Maasa, " Applied Acoustics,” 2nd. Ed., p. 267, P. Blnkisnm’B .S*in 
and Co., Phil^elphia, 1939. 

* A dynunicnlly dnven pistonphone his been described by Glover and Biiuni/,> 
weiger, Jour. Acotu. Soc. Amtr.^ Vol. 10, No. 3, p. 200, isb9. 
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This method Is very useful for calibrating a microphone at the low fre- 
quendea. The upper frequency limit is governed by the permissible speed 
of the mechanical system which is approiimately 200 cydes. 

Under test the output of the microphone is fed to an amplifier and out- 
put meter. For a particular value of generated pressure the output is 
noted. Then, the pistonphone is disconnected and a voltage of the same 
frequency as that generated by the pistonphone is inserted in series with 
the microphone and adjusted to give the same output. The response ififp) 
at this frequency is the ratio of this voltage to the applied pressure. 

(b) Thermop)ione . — The themiophone consists of one or more 
strips of thin gold leaf mounted upon terminal blocks, Fig. 11. IB. In the 
usual method the thermophone strip carries a known steady current upon 
which n smaller sinusoidal current is superimposed. In this case, the vari- 
ation of the pressure in the chamber occurs primarily at the frequency of 
the alternating current. The cavity of the thermophone is uaudly filled 
with hydrogen. The wavelength in hydrogen is considerably longer than 
in air and, ns a mnsequcnce, the standing waves are shifted to a higher 
frequency beyond the useful response range. 

The peak alternating pressure developed in the cavity is given by 


.96iV/5<ra 


where D 



ucy/i) acy^) 


11.2 



1 


(t - l)Ts 

Iff = 

yh 



C B total thermal capacity of the strip, product of the mass in grams 
and the specific heat, 
it B steady current, in nm|ieres, 

i B peak value of the nltcmating com|>onent, in am[>crcs, 


‘ Arnold snd Crandall, Phys. Rn., Vol. 10, No. !, p. 22, 1917. 

• Wente, li. C., PAyt. Rev,, Vol. 19, No. 4, p. 333, 1922. 

^ Ballandne, S., Jottr. Atous, Sot, Amtr., Vol. Ill, No. 3, p. 319, 1932. 
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r« ■■ total resistance of the atrip, in ohma, 

T$ ■" mean temperature of the strip, absolute degrees, 

Ta " mean temperature of the gas in the enclosure, absolute degrees, 

K thermal conductivity of the gas, 
p B density of the gas, in grams per cubic centimeter, 

Cy ^ specific heat of the gas at constant volume, 

Cf ■ specific heat of the gas at a constant pressure, 

■* average pressure of the enclosure, in dynes per square centi- 
meter, 

S » total area of one side of the thermophone foil, in square centi- 
meters, 

y " volume of the enclosure, in cubic centimeters, 
m * 2^, and 

/ » frequency, in cycles per second. 

The determination of the ratio e/p is carried out in the same manner lu 
the pistonphone. 

(c) ElKirostaiie Actiu^or *, — The electrostatic actuator consists of on 
auxiliary electrode in the form of a grill mounted in fmnt of the micro- 
phone diaphragm, Fig. II.IC. The actuator is perforated so that it doon 
not appreciably alter the impedance opposing the motion of the iliaphragm. 
A laij^ steady polarizing voltage is applied to the grill and miemphonu 
diaphragm. Then a sinusoidal voltage is applied, effectively, in scrie*. 
The alternating force in dynes per square centimeter of the grill, assuming 
no tufting of the electrostatic lines, from equation 6.35 is 



8 . 85 ^ 


X 10-T 


11.3 


where Oi polarizing voltage, in volts, 

e B alternating voltage, in volts, and 

d ■* tpaang between the actuator and the diaphragm, in centimeters. 

The force developed by the actuator is independent of the frequency. 
Therefore, it constitutes a simple system for obtaining the response of a 
condenser microphone as a function of the frequency. If the nlisolute re- 
sponse is desired this may be obtained by comparison with some known 
standard. (Thermophone or pistonphone.) In the cose of sonic netuntnr 

structures the effective area may be calculated from stnndanl fuimiilaa 
which correct for tufting. 


' Btllwidne, S., Jeur. Atous. Soc. Amtr,^ Vol. 3, No. 3, p. 319, 1932. 
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The determination of the ratio efp is carried out in the same manner as 
the pistonphone. 

2. Field Response. — The field or free wave response frequency char- 
acteristic of a microphone is the rado efp as a function of the frequency 
where e is the open circuit voltage generated by the microphone in volts 
and p is the sound pressure in dynes per square centimeter in a free pro- 
gressive wave prior to the introduction of the microphone. 

At the present time the Rayleigh disk provides the only satis- 

factory method for obtaining the field response frequency characteristic of 
a microphone. Rayleigh observed that when a disk was suspended by a 
light fiber it would tend to turn at right angles to the impinging sound 
wave. Koenig ** developed the formula for the turning moment of the 
disk as 



4 

-po’M’sin 20 


11.4 


where M » turning moment acting upon the disk, in dynes per centimeter, 

p « density of the fluid, in grams per cubic centimeter, 
a " radius of the disk, in centimeters, 

0 « angle between the normal to the disk and the direction of 
propagation of the sound wave, in degrees, and 
n « particle velocity of the sound wave, r(K>t-mcan square, in 
centimeters, per second. 

When a sound wave falls upon the disk the angular deflection will be 



11.5 


where S » moment of torsion of the 8U8}x:nsion , in dynes per centimeter. 
'Hie moment of torsion of the suspension is given by 





14t* + (log, 7)*] 


11.6 


where T periodic time of the suspended disk, in seconds, 
I B moment of inertia of the disk, 

/ “ Wrt*/4, 


•Rnylclgh, Phil. Afrtf.. Vnl. 14, p. 186, 1882. 

'• BalUntinc, Phys. Rev.. Vol. 3^ No. 6, p. 988, 1920. 
n Olson and Goldman, kieetnmes^ p. 106, Sept., 19.11. 
» Sivian, L. J.. Bell Syst, Tech. ’Jour., Vol. 10. No. 1, 


« Koenig, Ann d., Physlk, Vol. 43, p. 43, 1891. 


p. 96, 1931. 
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m *■ niaBS of the disk, in grams, 

« radius of the disk, in centimeters, and 
y - damping factor, the ratio of two successive swings. 

From cc^uations 11.4, 11.5 and 11.6 it is possible to determine the 
particle velocity u in the sound wave. 

The arrangement of a Rayleigh disk for field calibrntions of microphones 
is shown in Fig. 11.2. The source of sound is a small direct radiatoi’ loud 
speaker, with the back completely enclosed, placed halfway Iwtween tlie 
disk and the microphone. See Sec. H. 5. A small loud speaker is usetl 
so that a spherical wave will be emitted. Jf a velocity microphone is used 
Ho correction need be made for the spherical wave Ixjcausc the Rayleigh 
disk measures the particle velocity. If a pressure microphone is used 



the appre^riate correction for the accentuation in velocity in a sphericnl 
wave must be made. Sec Sec. l.SD and Fig. 1.3. l'‘rom the geometry of 
the system of Fig. 11.2 the deflection of the disk can be determined from 
the deflection of the light beam on the scale. 

A high quality microphone calibrated by any of the alxivc systems may 
be used as a secondary standard for the calibrations of other niicrophoneti. 

B. Dhtctional Ckaracteristie. — The directional characteristic of n 
microphone is an expression of the variation of the behavior of the micriv- 
phone with respect to direction. A polar diagram showing the out{>ut 
variation of the microphone with direction is usually employed. 

The directional characteristics should be obtained at representative 
frequencies. In order to obviate any errors due to reflections the diix*c- 
tional measurements should be made outdoors. Obviously, very slight 
reflections will introduce conriderable error for the angles in which the 
response is very low. 

A cathode ray tube with a long persistence screen may be used to obtain 
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the directional characteristic of a microphone or loud speaker. The 
apparatus of Fig. 11.3 is arranged to obtain the directional characteristic 
of the microphone. The directional characteristic of the loud speaker may 
be obtained by placing the loud speaker upon the rotating shaft and keep- 
ing the microphone fixed in position. The sound is picked up by a micro- 
phone and amplified. The output of the amplifier is detected and fed to n 
low pass filter. The output of the filter is amplified by a d-c amplifier, the 
output of which is fed to two potentiometers. The arms of the potentiom- 
eters are spaced at 90^. The potentiometer arms and microphone shaft are 



CATHOK-IIW OKILLOOlUm POTCNTIOUCTCIIft 


1^10. lU. Schematic •rrangement of the a]ipiiniUiB employing a cathode ray tube with a 
long pennitenoe acteen aa a pulnr dircctinnul chanictcrintic tiulicatiir and recorder. 

rotated by a motor. The length of the rndiiiH vector of the Bjmt is propor- 
tional to the output of the microphone. 'I'he angular displacement of tlie 
spot is synchronized with the microphone ahafe. From this it will be seen 
that the cathode ray Iteam traces the polar direction ill characteristic of the 
microphone. In case it is desirable to record the chamcteristic, this may be 
done photographically or by tracing the curve left iqxm the screen. 

C. Nonlinear Distortion Characteristic. — 'I'lie harmonic distortion testa 
arc intended to show the spurious hnmionicH generated by the microphone 
when it is actuated by a pure tone. The plot of the total distortion in per 
cent of the fundamental is termed the distortion characteristic. It is also 
common to plot the individual components in per cent ns the distortion 
characteristics. 

It is difficult to obtain a sound source which will generate an intense 
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Bound wave of very low distortion in free apace. Tlie arrangement'*^ shown 
in Rg. 11.4 provides a simple means of obtaining a sound wave free from 
distortion. A stationary wave is obtained in the tube by moving the 
piston until the manmum pressure is obtained. A pressure of 1000 dynes 
per square centimeter can be obtained with a fiction of a watt inpnt to 
the loud speaker. For the determination of the second harmonic the 
microphone is placed at a second harmonic node. Under these conditioos 
the second harmonic component at the microphone is very small. Hie 
second harmonic component is then measured by means of a harmonic 
analyzer. See Sec, 11.3C. For the third harmonic the microphone is 



Pio. 11,4. ArmageitientQfappanciiifbrnwMiiriiigtlHnQn-lineHrdutDrtlongenentedbxs 

micrajiliaiie. (After Phdpe.) 

placed at a third harmonic node. Either pressure or velocity micitiphoncs 
may be tested^ the only diflerence being in the position in the tube. 

D. Phasi Distortion Cfiaracteristie, — The phase distortion character- 
istic of a microphone is a plot of the phase angle between the voltage output 
of the microphone with respect to some reference voltage as a function of 
the frequency. A microphone such as the velocity microphone, see 
Sec. 9.3£t in ^hich the output is in phase with the particle velocity (its 
output is also in phase with the pressure in a plane sound wave), may be 
used as the reference standard. The standard microphone and the micro- 
phone to be tested may be placed side by side in a plane progressive wave 
in free space, Fig. 11 .5. The outputs of the two microphones are amplified 
by separate identical amplifiers and connected to the vertical and hori- 
zontal plates of a cathode ray oscillograph. The resultant Lisaajou figure 
indicates the phase relations between the output of the two microphones. 
‘Hie two microphones are shifted ' relative to each other in a line parallel 
to the direction of propagation until the outputs of the two microphones 


Phelps, W. D., Jtmr. Aeons. Soc. Amtr., Vol. 11, No. 2, p. 219, 
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are in phase. TTie phase angle, in degrees, between the output of the 
two microphones is 

11.7 

A 

where d "• distance between the two microphones in the direction of propa- 

gation, in centimeters, and 
X » wavelength of the sound, in centimeters. 



Fio. 11.5. Schematic amuigenwnt of apparatui for meanring the phan characterittie of a 

microphone. 

Phase distortion is of importance in combination microphones such as 
the unidirectional microphone. Sec See. 9.4. 

E. Electrical Impedance Characteristic. — The electrical impedance char- 
acteristic of a microphone is the impedance at the output terminals os a 
function of the frequency. Any convenient niethtjd for measuring elec- 
trical impedance may be used for determining the impedance character- 
istic. 

F. Transient Response Characteristic. — For measurement of transient 
response, see Sec. 11.3G. 

11.8. Testing of Ixiud Speakers. — Many different measurements are 
required to determine the pei'formance of a loud speaker. The most 
important characteristics which depict the performance of a loud speaker 
are as follows; 

1 . Response frequency characteristic. 

2. Directional characteristic. 

3. Nonlinear distortion characteristic. 

4. Efficiency frequency characteristic. 

5. Phase distortion characteristic. 

6. Electrical impedance characteristic. 

7. Transient response characteristic. 
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A. Rejponse Ftr^ueney Characterhtk. 

1. Response K — T'hc naporiBe of a ]o\id speaker is a measure of dw 
sound produced at n designated position in the medium with the electrical 
input, frequency and acoustic conditions specified. 

Absolute response is the ratio of the sound pressure (at a specified point 
in space) to the squai'e root of the apparent electrical power inpuL It is 
given by the equation 

... p P'vzm * 

Absolute response — -* — 11.8 

€ 


where p ■■ measured sound pressure, in dynes per square centimeter, 

t effective voltage appUed to the voice coil, in volts, and 
zg V absolute value of the impedance of the voice coil, in ohms 

(z« is a function of frequency). 

The absolute response characteristic is obtained by measuring the 
sound pressure p as a function of frequency with constant voltage e on 
the voice coil, and measuring impedance Zj^osa function of the frequency, 
and correcting the measured sound pressure fur the mensured impedance 
in accordance with the equation. The resulting characteristic represents 
the sound pressure os a function of the frequency which would be obtained 
from the speaker if fed from the generator which would automatically 
deliver constant apparent power ^fiE to the voice coil over the frequency 
range. 

The response may be expressed by a value equal to the above ratio or 
may be expressed in decibels relative to an arbitrary value of response 
coiTesponding to one volt, one ohm and one dyne per square centimeter. 


Absdute response 





The outdoor or free space response frequency characteristic is the 
simplest method for making loud speaker measurements which may be 
duplicated and compared among laboratories. Outdoor measurements 
have the disadvantage of being dependent upon the weather and noise con- 
ditions and, for this reason, nearly all development and routine work on 


” Standards on ElectroaowsticB, Institute of Radio Enuinecra, 1938. 
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loud speakers is generally carried on in rooms. Each laboratory can cor- 
relate its own indoor with outdoor measurements. The testing of loud 
speakers under actual conditions is also useful, such ns the operation of a 
radio receiver in a living room. As the art in sound measurement pro- 
gresses, this type of measurement will become more important. 

2. Apparatus for Measuring the Sound Pressure Frequency Relationship 
oj a Sound Source. — An arrangement for obtaining the sound pressure 
characteristic by the semiautomatic method** is shown in Fig. 11.6. 





Pio. 11.6. Schematic arrangenMiit of the apparatua for mnnually recording the aouad 
pKMure fluency characteriatic of n aouml uurae. (After Wolff and Ringel.) 

This method yields a response frequency curve on semilogarithmic paper 
in about three minutes. Rotation of a condenser governing the beat 
frequency and coupled to a drum on which the paper record is made gives 
the abscissas for the curves, values which are proportional to the logarithm 
of the frequency due to the manner in which the condenser plates are cut. 
ITie drive may l>e manual or by motor. 

A linear or logarithmic detector may be employed. In the latter, 
the deflection of the meter is a logarithmic function of the sound pressure. 
The resulting curve is recoided directly in decibels. A variation of this 
method is sometimes used in which the recording pen is coupled to n gain 
control in the amplifier, the operator manipulating the control in such a 
manner that the outjmt indicated by the meter remains constant. Either 
a linear or a logarithmic co-orilinate scale may be obtained by suitable 
design of the gain control. 

'ITie acoustic level reconlep ** is an automatic device which records the 
gain settings requlretl to keep the ampliflcr output constant as the ft^ 

“Wolff and Kingcl, Proe. I. H, A., Vol. 15, No. 5, n. 363, 1927. 

'• Ballantini^ S., ‘Jottr. Aeous. Sor. Amer., Vol. 5, No. 1, p. 10, 1933. 

“ Hacklcy, R. A., liroadcasf Netos^ No. 28, p. 20, July, 1938. 

** Wente, Bcdcll and Swarr/el, Jour. Acous. Soc, Amer,^ Vol. 6, No. 3, p, 121, 1935. 
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quency of the sound source is varied. Figure 1 1 .7 shows how a pressure 
characteristic can be made with the sound level recorder, A dark colored 
bqM coated with white wax is moved under n stylus by n motor which 
cluuiges the value of the beat frequency generated at the same time. The 
loud speaker under test is connected to the output of the beat frequency 
generator and the variations in response are recorded on the paper directly 
on a dedbel scale by a stylus which scratches through the wax con ting on. 
the recording paper. 

The rectifier output incorporates a control circuit which causes direct 



CLUTCH 


Flo. 11.7. ^ Scheoude unngoment of the upiretue otM) in a high ipeed kvol recorder for 

piwwre fiequeiK}' chancteristic. (After Weitte, Rcddh 

tOa SWATtML} 

current to flow through one Circuit when the rectifier current is less thtin n 
certain crid^ value and through a second circuit when it is greater than 
a second critical value. In the first case, the control circuit cipuratca a 
magnetic clutch which causes a potendometer to operate and inci'eascs 

In the second case, the voltage is decreased. 

Ue of the rectifier is kept balanced to within the voltnge change 
p uc y a change in potentiometer corresponding to the amallest unit 
of the attouator calibration. The motion of the potentiometer ta ccim- 
mumcated to the stylus which gives a trace on the recording paper. The 
same motor which drives the oscillator frequency control moveq the nu- 
tentiometer by means of the magnetic clutches. 

f recorded may be varied 
of the clutches ^ **wnd through alteration of the speed of rotntiuii 




TESTING OK LOUD SPEAKERS 


257 


A cathode ray tube,*®-* with a long persistence screen, may be used as 
a response indicator and recorder, Fig. 11,8. A motor drives the beat 
frequency oscillator and a potentiometer. The potentiometer varies the 
voltage on the horizontal deflection plate of the cathode ray tube and 
thereby drives the cathode ray beam across the tube in synchranism with 
the oscillator. A reversing switch changes the direction of the motor 
travel at the upper and lower limits of the audio frequency range. The 
output of the oscillator actuates the loud speaker. The sound is picked up 
by the microphone and amplifled. The output of the amplifier is detected 
by a linear or logarithmic detector and fed to a low pass filter. The output 



1 1 KMJtTEllCC IIUOC 

110 VAX CATHOH-^Mr OOCUXORAm 

Pia. U.8. Schematic arrangement of the appanitui employing a cathode ray tnbe with a 
long iwniitenee ocreen at a prenure tetpoiue frequency indicator and recorder. CAfter 

Hacklcy.) 


of the filter is amplified by a d-c amplifier, the output of which is con- 
nected to the vertical plates of the cathode ray tube. The cathode ray 
Ix^iini traces the response characteristic upon the persistence image screen. 
'ITie ordinates are in decibels when the logarithmic detector is used. The 
ordinates arc proportional to the sound pressure when the linear detector 
is used. The time required to trace a response frequency characteristic 
of u loud speaker is aliout 30 seconds. The apparatus is very usefiil for 
development work because the motor sweeps through the range again and 
again. 'I'he oiicrator is free to make changes in the equipment under test 
and note these changes upon the response. In cose it is desirable to record 
the characteristic, this may be done photographically or by tracing the 
curve left ujwn the screen. 

*• Hacklcy, R. A., Broadcast Neves. No. 28, p. 20, 

Sherman, j. B., Proe. 1 . fi, Vol. 26, No. 16, 


July, 1938. 
p. 700, 1938. 
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A ayatem for meutiring the response of a loud speaker employing a 
thermal noise generator is shown in l*1g. 1 1 .9. A diode may be used u 
a source of therraal noise. The output is omplihed, filtered and fed to a 
loud speaker. The ^equency distribution of the eneigy fed to the loud 
speaker is shown in Fig. Xl.9^. nxe output of the loud speaker is jneked 
up by the fnicrophone) amplified and pas^ through a narrow band put 
filter. The response characteristic of the filter is shown in Fig. ll>9ili 



PUCauCHOf M KC 


Fia lli>. Schanfttic iRBiiaejnent of the eppenttut employing t thermftl nobc genenier 
and a band pan filter far oDtunlng the reapottae frequency characterUtic of n loud a])eahor 
Input to tbe Joudapenker. S. The reeponae freqaency characteriadc of the bnnd paw 
filter. C, Reqwnae frequency cfaaraeteriatic of the loud apeaker. 

The band width of the filter should be independent of the frequency. The 
position of the filter pass band is varied with respect to frequency. The 
output of the filter is detected and measured by means of a meter. 
The response characteristic of a loud speaker is shown in Fig. 11.9C. 

Apparatus employing thennal noise for obtaining response character- 
istics has not bew developed to the stage where it may be used wit)) dxe 
facility of other methods. It appears, however, that this type of mea- 
surement will become very important for all types of acoustic measurements 
when suitable apparatus has been developed. 

3. Cslikmtiw of the Sound Meoiitritig Equipment **. — The microphone 
should be calibrate in terms of a fiee progressive sound wave. TTie micro- 
phone, amplifier and detector should have a combined characteriadc which 
is substantially independent of the fiequency over the frequency range 
under consideration. If it is not substantially constant over the frequency 
range the data must be adjusted for known variations. 

A general schematic circuit arrangement showing one specific way to 


** Standards on Electroacoustics, Institute of Radio Engineers, 1938. 
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obtain the factor />/« in the formula for absolute response (equation 11.8) 
is shown in Mg. 1 1.10. This arrangement has the feature that it does not 
require on absolute calibration of the measuring system. 



Pio. tl.IO. Schemiidc amngemeiit for obtiioing the ftetor pft in the formula for abaolute 

teapo m e. 


Referring to Mg. 11.10, the absolute response is given by 


Absolute response, in decibels, 



- C-D] +101oguStB H.IO 

where A « output of measuring system, in decibels, with the microphone 

picking up sound from the loud speaker with S open, 

B ■■ output of measuring system, in decibels, with S clo^ and the 

microphone shielded from sound, 

C open circuit voltage outjmt of the microphone, in dedbels 

above one volt for one dyne per square centimeter, in a 
free progressive wave, 

D - 20 1(^ - 20 log rj»)/nn, and 

Sm b impedance of loud speaker, in ohms. 

m should be sufficiently small compared to the impedance of the micro- 
phone or, in other words, the out}>ut of the microphone should not change 
when m is short circuited. r«i should be so selected ns to obtain a value 
of B in the range of the values (tbtainal for A. 

4. OitUioor or Free Space Response — In nil outdoor tests the loud 
speaker and microphone should be removed a sufficient distance from 
reflecting surfaces so that the only sound striking the microphone is 
direct sound (fifteen to twenty feet from the ground or other reflecting 
surfaces). Any microphone calibrated in terms of plane progressive wave 
pressure may be used. 

For the purpose of these testa, loud speakers arc divided into two 
classes. The first class includes direct radiator loud speaker units which 
are designed for operation in some additional structuro such as a baffie or 

** Olson and Maiua, " Applied Acoustics,’' 2nd Ed., p. 325, P. Blakiston’s Son 
and Co., Philadelphia. 
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cabinet. The second class are complete units and require no addidonil 
structures. Examples of this type are horn loud speakers or loud speakefi 
already mounted in housings. 

The loud speaker unit should be mounted one f(x>t olF center in n dbec- 
tion parallel to one side and six inches olf center in a right ang^o dnc> 
tion in a twelve foot square baffle of sufficient thickness so that no radintion 
results from vibrabon of the baffle, llte microphone should be located 
on the axis of the radiator at a distance of five feet from the surfheo of the 
baffle when the maximum transverse dimension of the radiator » sot 
great e r than two and one half feet. For larger radiators, the distanoe 
should be the smallest integral multiple by five feet, which is greater than 
twice the maumum transverse dimension of the radiator and should be 
specified with the test results. The response frequency characteristic of 
the loud speaker can then be obtained by one of the methods described in 
the SKtion on apparatus and plotted in decibels, equation 11.10 (on an 
ordinate scale of ^ db or less per cycle of logarithmic scale of frequency). 
Hus gives the response frequency characteristic of the loud speaker on the 
ams. 

Complete speakers should be testetl in the same manner os speaker units 
alone, but without the use of additional baffles. 

Routine teats and development work upon acoustical instruments are 
usually made indoors reserving the outdoor measurements fur a standaid. 
The room should be made as laigc as ]x)ti.sibte in order to obtain a max- 
imum ratio of direct to reflected sound. Standing wave phenomena wll 
be minimized if the dimensions of the rtxim are made 3:4:5. Several 
layers* of absorbing material should be used with a separation of from 
one to ax inches between layers. Reflections will Iw further miitimizei! 
if strips of absorbing material twelve inches in width are placed nufmal 
to the walls and spaced twelve Inches apart. 

When only a small deadened room is available a “ close up curve may 
be the only one possible. Such a curve may he useful in deteivninuig 
system resonance and the general spioothne.s.s of the output. 

The rotating microphone •* has been found to lx; very useful for reducing 
reflection errors. The microphone is revolved in a circle about five fixt 
in diameter. The plane of the circle is inclinetl at an angle of 30° towards 
the horizontal. The microphone is arrnngetl so that it always is directed 
towards the source of sound. Any of the systems described in Sec. J I.3<^ 
may be used for recording the response frequency characteristic. 

“ DedeU, E. H., %«r. AcQHt, Soe. Amer., Vol. 8, No, 2, u. 1 18, 1937. 

" Bostwick, L. G., BeUSyti. Tteh. Jam-., Vol. 8, No. 1, p. 135, 1929. 
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A modification of the above test procedure is to use a stationary micro- 
phone and warble the frequency (20 cycles + 10 per cent of the mean 
audio frequency os a maximum total band width) to nveroge out reflection 
errors. This method tends to average out very short or abrupt variations 
in the loud speaker response. The check, response fi^uency measure- 
ment token close to the loud speaker with no warble should be made to 
determine if there are any abrupt variations in its response. 

5. Ufiitig Room Measumuents •*. — The performance of a radio receiver 
in a living room has been discussed in Sec. VIJU. Tlie cliarncteristics 
shown in Fig. 12,12 were obta'uicd with the cathode ray response mea^ 
suring system described in Sec. 11.3/f2. However, any of die systems 
described in Sec. 11.3/f2 may be used. It is c\istoniary to obtain a large 
number of characteristics for each position of the receiver in the room. 

6. Theatre Meoittrements, — The performance of a loud speaker In a 
theatre has been discussed in Sec. VL2B, The characteristics for the 
various parts of the theatre may be obtained with any equipment described 
in Sec. 11.3//2. However, the high sfiectl response measuring equipments 
are preferable for this type of work. 

7. Automobile Measurements. — The conditions under which an auto- 
mobile railio receiver operates differ widely fmm thrtsc of a loud speaker 
in a room. For this reason it is very inqxtrtant to test the {Performance 
under actual o|Perating ctmditions. T'hc response frciiuency characteristic 
should Ik obtained by placing the microphone at the ear ptnitiim in each 
of the nomial listening {'Kuitions in the automobile. In tile case of back 
seat measurements {Krsons should Ik seated in the front seat to sim- 
ulate actual conditions. Measurements should Ik mode with the windows 
o]Kn and closed. In genenil, the res^ponsc fretiueiicy chnructeristics will 
differ widely for the front and back scats. It is customary to favor the 
fnmt seats in detenuining the optimum resjxHise fretiuency characteristic. 
At high speeds wind, nnul rumble and engine noises are ejuite high and 
mask the repnaiucetl sound. T'hc power output sh(Hi]d be sufficient to 
override these noises and give intelligible speech. In view of the fact 
that the sound level delivered by the loutl sjKiiker is quite high under 
these conditions, it is im|X}rtiint that the reK{xinsc freijuuncy character- 
istic Ik 8m(K>th, otherwise the rcprtxlucecl sound will be tiisagreeable. 

The res|M)nse frtKiuency characteristics may be obtainetl with any equip- 
ment descrilped in Sec. 1 1 .3^/2. 

B. DireetioHal Characteristic. — T’lic directional characteristic of a 
louil speaker is the resixmse as a function of the tingle with respect to some 

• Wheeler and Whitman, 1^. 1. R. K, Vol, No. 6. p. 610, 1935. 
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*308 of the syitem. The characteriadcs may be plotted M n . 

polar dioracteriadca for rarioua frequencies or aa r^onsc frequency eh* 
actenatks for varioua angles with respect to the reference axa, 

TTw directional characteristics of a direct radiator loud « 

very Urge baffle may be obtained at a distance of five feet. Fw » 
baffle or cabinet the distance should be at least three timw tlw la 
linear dimension of the system. The directional chamctenstiai of R 
loud speaker should be obtained at a distance three or more tinwa 

lamest diroention of the mouth. . . , , /» 

Obviously) very slight reflections will introduce considerable error lor 

angles in which the responre is very low. For this reason, iC is ftlmott 



Fn. 11.11. Sdmuuc umigietiieiit of the appsnitiu for meauiringthe non-ltiiciir itlRinriiPW 

of ■ loud ipeaker. 

imperative that the measurements be made outdoors in free space. Appa^ 
ratus for obtaining directional characteristics is described in Sec. 1 1 .2 A. 

C. Nonlinear Distortion Charoeteristic, — The nonlinear tlintcirtinn 
characteristic of a loud speaker is a plot of the total distortion in pel* cent 
versus the frequency at a specified input power. A plot of the iiiciivitliiBl 
components of the distortion in per cent versus frequency is nJsti used to 
depict the distortion characteristic of a loud speaker. 

^ The apparatus and drcult in schematic form for measuring the rlintpr- 
tion produced by a loud speaker ore shown in Fig. 1 1,1 1 . Great cure iniist 
be taken to avoid appreciable harmonics in the sound genernttnjj niiit 
sound measuring equipment. To reduce the already low harmonic con- 
tent in the signal generator to a negligible amount a variable cutoiT low 
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pius filter, admitting only the fiuuUmental, should be employed. The 
microphone and amplifiers may be the same as those used for response 
measurements. The harmonic analyzer may be any of the various types 
employed in distortion measurements on amplifiers. 

In making the test, the output of the power amplifier is connected to the 
loud speaker. The sound is picked up by the microphone and then ampli- 
fied and the measurement of harmonics is carried out in the conventional 
monrker. The output switch is now thrown to the dummy load, the 
resistance of which should be the same as the impedance of the loud 
speaker at the measurement frequency. The variable attenuator is 
adjusted until the output of the microphone amplifier is the same as that 
obtained with the sound. The harmonic content under these condiriona 
should be negligible. The purpose of this operation is to insure that no 
distortion is introduced by the associated measuring equipment. In the 



A B 

PiQ. 11. IZ Himwnic analyioii. A. Heterodyne ualyier. B. Belauce bridge andyw. 


above discussion the possible distortion in the microphone has been neg- 
lected. 'rhe distortion generated by the microphone may be measured 

Its outlined in Sec. 11. 2C. , 

Harmonic distortion measurements should made outdoors to ehmi- 

nate errors due to standing waves. If it is necessary to make these mea- 

aurements in a room, they should be made under a sufficient variety of 

conditions with respect to frequency and microphone placements to give 

average values which are not appreciably affected by the errors associated 


with room reflections. 

Two systems which ore in common use as harmonic analyzers arc shown 

in Fig. 11.12. . „ . n ^ Tn. 

The heterodyne analyzer " is shown schematically m Fig. ine 

incoming signal, mixed with a carrier supplied by the heterodyne oaaUator, 

is fed to the modulator. A balanced modulator is usually uj^ so that the 

carrier will be suppressed. The heterodyne oscillator is adjusted so that 

the sum of its frequency and that of one of the components of the signal 


" Arguimbau, I- B., Gftttrnl RaJh ExperimerUtr, Vol. 8, p. 1, June, July, 1933. 
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equals the pass band of the highly selective tuned amplifier. The high 
selectivity is usually obtained by means of a quartz filter. The upper side 
band is passed through the selective tuned amplifierj detected find tlien 
measured on a meter. 

The balance bridge for measuring the total distortion is shown echo* 
matically in Fig, 1 1.IIB* A part of the output of the oscillator is fed to the 
apparatoi to be tested, and another part to the analyzer. The ampUtude 
and phase relations of the fundamentals from the oscillntor and appArat^it 
to be tested are adjusted by means of suitable networks so chat none of 



Pto. n.13. Sefaenu^ anugement of the appinitui employing a nthottc rny tube for 

uviKitiog the DCMKiiticer diatorcioii of q IdiuI ejiciikcTt 


the fundamental remains. The remainder is the total hai 

y t e system under test. This is measured by means 
square meter. 

The above procedure for obtaining the harmonic eont 
MeraWe tinw and sometimes a qualitative indication 
few minutes has been found to be very useful. 

connection 

T "t«Wlizing sweep cir 

Ld snJJt ^ ^ harmonic distortion is 

gc crated in the osallator is sent into the amplifvina sva 
attennator. the cathode n.y o«i|logr,ph ahodd ahL \ 
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form over the entire audio frequency range considered. The attenuator 
is adjusted to give the same amplitude of the wave pattern on the osdl- 
lograph screen as is secured when the switch is thrown to the left and tire 
power is supplied to the loud speakei’. With the switch in the latter 
position the microphone picks up the sound and the wave form is repro* 
duced upon the fluorescent screen of the oscillograph. The departure hum 
the pure sine wave is indicated readily by the difference in appearance of 
the pattern from the pure sine wave form secured with the switch thrown 
to the right. The extent of introduction of harmonics by the loud speaker 
can be estimated from a slight, moderate or very marked change in the 
wave form. 

D. Efficitttcy Frequency Characteristic^, — The eflidency of a loud 
speaker at any frequency is the ratio of the total useful ojcxiustical power 
radiated to the electrical power supplied to the load, the current wave of 
which exercises a controlling influence on the wave shape of the sound 
pressure. The plot of efficiency in per cent versus frequency is termed the 
efficiency characteristic. 

The measurement of efficiency of a loud speaker may be divided into two 
methods, direct and indirect. One direct method depends on measuring 
the total energy flow through a spherical surface without reflections. 
Several indirect methods have been developed. The most common of 
these consists in measuring the electrical impedance under various con- 
ditions of diaphragm loading. It has been found in practice that these 
two methods of determining efficiency arc those nuKit widely used at the 
present time. 

1. Direct Determination qf Radiated Power — Tlic sound power 
output from a speaker at a particular frequency may be obtained by 
measuring the total flow of power through a spherical surface of which the 
sound source is the center. 'I'he surface of the sphere is divided into incre- 
mental areas and the power transmitted through each area is determined 
from the sound pressure and the particle velocity os well os the phase 
displacement between them. To simplify the procais, the measurements 
may be made at a distance sufficiently large so that these quantities are in 
phase. Then, the radiated pxiwer may be determined by measuring the 
sound pressure or particle velocity over each incremental area (assuming 
the measuring equipment does not disturb the sound Held and no standing 
wave pattern exists). The total power is equal to the summation of the 

* Standards on Electroacuuitica, Institute of Ratlio Engineers, 1938. 

Olson and Mossa, "Applied Acoustics," Hlakiston'a .Stm and Co., Philadel- 
phia. 
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power tnuismitted through the incremen tsJ arens and may be expressed •• 

- i j'y* X 10^ 11.11 

where Pa total acoustic power, in watts, 

p ■■ density of the medium, in grams per cubic centimeter, 

c m velocity of sound in medium, in cendmetcra per second, 
p • root-mean-square pressure, in dynes per stjunre centiinuter> 
over the element of areas dS, and 
dS *■ element of area on spherical surface, in square centimeters, 

The input power con be determined in the obvioiw manner while opor» 
ating under the above conditions. 

The efficiency p in per cent is then 

/i-^XlOO 11.12 

“m 

where Pa * total acoustic output, in watts, and 
Pm ** electrical input, in watts. 

As previously mentioned, the loud speaker ahmild be located so that 
the reflected energy reaching the measuring equipment is negligililu. 
This means that the measurements must either be inndu in a rcNini with 
totally absorbing walls or in free space. The measurements and ctimpn.. 
tations in this method are quite la^rious. On the other hand, thei’c enn 
be no question as to the validity of the results which arc cihtninetl if the 
test is carefully conducted. Because of its fundnmentnl nature aiul 
validity, the direct method is usually considered standard lt)r determiniiijf 
loud speaker efficiency. 

2. Indirect Determination of Radiated Povm \ — TTicrc are Severn 1 
methods for determining loud speaker efficiency by indirect means. 'J'lic 
most common method is to measure the electrical impedance under va- 
rious conditions of diaphragm loading. 

A one-to-one ratio bridge, capable of measuring the ini{H.tlancc at the 
full power output of the speaker, should be used. Care sh<juld Ikj taken 
that the temperature of the voice coil does not vary appreciably duriii|j[ 
the various measurements. The power supply for driving the sjx^nker aiul 
bridge should be reasonably free from harmonic distortion. 

The motional impedance method** is generally applied to moving ctiil 
electrodynaraic speakers in which the force factor is real. Tn cose the force 

“ Kenndly and Pierce, Free. d. A. A, J. Vol. 48, Na 6, 1912. 
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fnctor is imoginary it becomes rather complicated to employ the motional 
impedance method. 

The efficiency in per cent) by the motional impedance method is 
given by 



— X 100 

Teh 


11.13 


where rgu " rsir — r*D motional resistance, in ohms, 

rsif “ resistive component with the system in the normal state, in 

ohms, and 

fan * damped resistance with the vibrating system blocked, in 

ohms. 

This equation describes the simplest method of determining the effi^ 
ciency from motional impedance measurements when the electromechani- 
cal coupling factor is real. See Chapters VI, VII and VIII. It assumes 
that the entire value of the motional resistance may be attributed to 
raxliation resistance. This method adds the radiation from both sides 
of the diaphragm and, therefore, assumes that the radiation from both 
aides is useful. It assumes that there are no mechanical losses in the 
diaphragm and suspension system. These losses can be determined 
from the measurem^ts of the motional impedance in a vacuum. Of 
course, in this case, tne loail on the diaphragm is not normal and the losses 
may be quite diffinvnt from those which obtain under actual operating 
conditions. This method also assumes that there are no losses due to 
viscous air friction. Since the amplitude of the vibration of a voice coil is 
normally small at the higher frequencies, the problem of blocking the 
voice coil against motion b not a simple matter. Obviously, any motion 
will introduce an error in the determination of the efficiency. 

E. Phase Distortion Characteristk, — The phase distortion character- 
istic of a loud speaker is a plot of the phase angle between the sound output 
and some reference sound as a function of the frequency. 

Two microphones and separate amplifiers and a cathode oscillograph 
may be used as outlined in Sec. 11.2D, Fig. 11.5. A reference sound may 
be set up by a stqiarate loud speaker, in which the phase shift is small, 
and picked up by one microphone. A reference voltage source may be 
substituted for the reference microphone. The sound from the loud 
speaker to be testetl may be picked up on the other microphone. The phase 
difference may be determined as outlined in Sec. 11. 2D. 'Fhe phase dis- 
tortion is of importance in the overlap region of the multiple channel sys- 
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tenifl. In this cuse the phaae shift may be several hundred degrees (etiinv- 
alent to a sound pa.th (Terence of several feet). See Sec. 8.4.9. , 

F, Jmpt4att€e Preqwttey Chanuierisiic. — The impedance diatictet'- 
istic of a looid speaker is the impedance at the input terminals as a function 
of the frequOTcy. The plot of the characteristic should also include the 
tesistive and reactive components. 

A one-to-one ratio impedance bridge may be used and should be capable 
of measuring the impedance at the full power output of the apealter. The 
power input should be included with every impeidanoe characteristic If 
the impedance characteristic varies with power input, it is desirable to 
show a seitea of i mp eda n ce frequency curves for various inputs. Other 



aouMw 
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Flo. 11.14, Sdienwiae imnigeineDC of the apperatun employing a aquan: vrmre genetilN 
■nd a cathode ray tube Cor iodicadng the tranaient reaponae charactcriatica of aoouttioal 
apparatna lueh aa nucrophoitea or loud apeaken. 

methods may be used u, for example, the three voltmeter and a known 
resistance method. 

G, TysHsignt Respensf Chanuferistic, — The measurements in the pre- 
ceding sections have been concerned with steady state conditions. In all 
types of sound reproduction the phenomena is of a transient chamctcr. 
For this reason it is important to measure the response of the system to a 
suddenly applied force or voltage. The Heaviside Ojierntionol Calculus is 
a very powerful tool for predicting the performance of a system to a sud- 
denly applied force or voltage. See Sec. 7.16. 

The apparatus for investigating the transient response of an audio 
system is shown schematically in Fig. 11.14. The output of a square 
wave generator is fed to the apparatus to be tested. The output of the 
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apparatuii under teat is fed to a cathode ray oacillograph. The deviation 
from the ec]uare wave ia shown on the screen of the cathode ray oscillo- 
graph. Square waves offer a simple and rapid method of including both 
phase shift and amplitude response in a single teat. 

H. HiUyeetive Meosuremenls , — In many cases the apparatus for mak- 
ing all the objective teats outlined in the preceding sections is not always 
available. Furthermore, there is always some difficulty in evaluating the 
objective measurements. For this reason a subjective test of efficiency, 
frequency response, directional characteristics, nonlinear distortion and 
transient response in which two or more loud speakers are compared with a 
reference loud speaker system, is widely used. Or, in other words, this 
test determines the lumped effects of the following factors: loudness, fre- 
quency range, tone balance, spacial distribution, quality and hangover. 
The electrical input is usually broadcastir^ program material such is 
speech or music. The inputs should be adjusted until the reference and 
test loud speakers are judged to have equal loudness. The required atten- 
uation of the electrical input determines the relative loudness efficiency 
of the loud speaker under teat. The loud speakers should occupy positions 
which are symmetrical with respect to the room boundaries and the 
t»l»crver. The loud speakers should be sufficiently separated that inter- 
action is negligible. A number of observers and a variety of program 
material should be used in order to insure statistical significance. 

11.4. Testing of Telephone Receivers. — The characteristic of a tele- 
phone receiver should show the performance as normally worn on the cm. 
'I’he sound intensity produced in the ear by the telephone receiver shouW 
he the same os the intensity produced in the ear when the head is immersed 
in the original sound field. There w two ty|x» of measurements upon 

telephone receivers, namely: subjective and objective. ^ 

A. Sukjectiw Measurements - A free progrcMive sound wave is 

established by means of a loud speaker driven by an oscillator. The sound 
pressure at a distance of five feet from the loud speaker is me«ur^ by 
using a calibrated microphone, ampUfier and output meter. With the 
receivers removed, the observer listens to the sound at the point where the 
sound pressure was measured by the microphone. Next, the observer 
places the receivers upon his head and the output of the ^lUator is trans- 
ferred from the loud speaker to the receivers by means of a suitable atten- 


- ason and Masaa, Jottr. Acout. Soe. 6, No. 4, P. 250, 

Olson and Massa, “Applied Acoustics, P. Ulakiston s Son and 

jihiii. 
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lator, The voltage iicroaB the receivers is adjiistecl until the intenaitf in 
the observer 8 ear seenis to be the same as the free wave intensity from the 
loud speaker. This procedure is repcatctl at several frequencies, kcepiig 
the live wave pressure constant. The reciprocal of the voltage aerasi 
the phones required to match the free wave sound intensity is propordonnl 
to the sensitivity of the receivers at each frequency, 

B. Qi^tdiu MtastetmenU — The impedance frequency char- 

acteristic looking through the ear cap of a telephone receiver as nomiaJly 
worn has been investigated by Inglis, Gray and Jenkins. These AM 
shown in ITig. 11.15. An artifidal ear and the equivalent circuit whkh 
yields apprcndmatdy the same impedance characteristic is ritown in 
Fig, 11.15, A standard condenser microphone is used to meaiure the 
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Aa. 11,15. A cFoM-tecdoiul view of aa artificial ear employing a atandord coiihiiMr 
iracrop|ioae aad die equivalenc electrical dredt of the acouatii^ ayatein. Tbe ororh ihm 
the rMttrive rjm and KactiTe hm oomponena of the acouetic Imp^ance, loowng into lha 
aperture of the ear cap, at a inaction of the fluency, ^ak ocouirie capadennee of tha 
cavity. Mg and rgg inertance and acouitic reiiitance of the leak. 

pressure, A series of slits corresponding to the leak between the ear 
cap and the ear are represented by the inertance Mg and acoustic resistnnee 
fAS. The walls of the cavity Cajt (4 cubic centimeters) are lined with folt 
to reduce resonances at the high frequencies. The response frequency 
characteristic obtained upon the artl6ciBi ear in general, agrees quits 
welt with the subjective tests. 

The tests outlined lor loud qieaketa may be performed upon tdepitone 
receivers by employing the artificial ear. The same apparatus may of 
course be u^ and will not be repeated here. 

The pressure delivered by a td^hone to a closed cavity as a function of 

* Inglis, Gray and Jenkins, BtU Syst. Tttk. VoL 11, Na Z p. 293, 1933. 

Olson and Masm, year. Aeem. See. Amer.. Vd. 6, No. 2, o. 250, 1935. 

« Olson.. H. F., tear. 14. P. £., Vd. 27, No. 5, p. 537, 1936. 

Olson and Maasa, ^'Applied Acouatica,” P. Blakiaton’s Son and Co., Philadel- 
phia. 
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the frtiquency is sometimes used to depict the response of a telephone 
receiver, 'fhe artihcial ear shown in Fig. 11.15 may be used for this 
purpose by closing the slits. 

The artificial mastoid is a system for objectively measuring the response 
of a hone conduction telephone receiver. In one foim, the artificial mas< 
toid**' consists of a rubber block having approximately the same imped- 
ance as the human head at the mastoid bone. The velocity which the 
bone conduction receiver delivers to this impedance is measured by a 
vertical or hill and dale phont^raph pickup, ^e Sec. 10.3R3. 

11.6. Artificial Voice ****.— The artificial voice is a term applied to a 
loud speaker which exhibits some of the characteristics of the human voice. 
One form of the artificial vmce ednsists of a small dynamic loud speaker 
enclosed in a spherical case of the volume of the average human head. 
Using a cone one and one half inches in diameter and back enclosed^ it is 
possible to obtain very uniform response over the range from 60 to 15)000 
cycles. See Sec. 7.2. Due to the small diameter of the cone, the com- 
pliance of the case is negligible and the controlling compliance is the cone 
suspension. See Sec. 7.10. The directional characteristics of this loud 
speaker are very close to those of the human mechanism. The artificial 
voice is useful for obtaining the response freciuency characteristic of close 
talking microphones because the reaction of the loud speaker upon die 
microphone is practically the same as that of the human voice. It is also 
useful for general development work on microphones because, with the 
small cone, the irregul^ties in response can be made less tiian ±1 db. 
The power output at a distance of one to two feet is sufficient for most 
development work on microphones. 

U.O. Meanirement of A^ustlc Impodance. — There ore a number of 
methods of measuring acoustic impedance. A purely acoustical means for 
measuring acoustic impedance has been devised by Stewart. Tliis method 
measures the change in acoustic traiumlsaion tlirough a long uniform tube 
wlien the unknown impedance is inserted as a branch. 

The acoustic impedance bridge '*’*^18 shown schematically in Fig. 11.16. 


“*Hbw1w, M. S.j Bdl Laboratories RecottL Vol. 18, No. 3, p. 73, 1939. 

** Inglis, Gray and Jenkins, Belt SyU. Teth. Jour.^ Vol. 1 1 , Na 2, p. 293, 1932. 
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Philadelphia, 1939. 

"Stewart, G. W., Phyf, /2ar., Vol. 28, No. 5, p. 1038, 1926. 

a For other systems for measuring acoustic impedance see Olson nnd Mnsso, 
“ Applied Acoustica,” 2iid Ed., P. Blnkiaton't & Co., Philadclphin, 1939; 
Flandera P. B., Btif Sju. Teth. Jottr.t Vol. II, No. 3, p. 402, 1932; Morse, P. M., 
" Vibration and Sound," p. 209, McGraw Hill Book Co., New York, 1936. 
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The loud spcftken are connected to two pipes, one of which is varinblc in 
length and the other equipped with a means for attaching the unknown 
impedance. At some distance beyond this point the two pipes ore Joined 
hy a small pipe which, in turn, is connected to another pipe leading to a 
microphone and amplifier. Standing waves in the pipes ere reduced by 
the introduction of small tufts of felt. 

With the branch closed the voltage across the two loud speaker units 



Fio. 11 . 16 , SdmiMdc arruigeiitent of an acooitic impedtnoe bridgs for oicMiiriag Inqnd* 

tnoe. (After Stewart.) 


and the length of the variable tube are adjusted until n minimum rending 
is obtained in the output meter. The unknown impedance is now attached 
and the process repeated. 

The unknown impedance can be obtained from the following equadexi 

^ (cos fl + y sin tf) 11.14 

T r* Pa 


where tAv unknown impedance, in acoustic ohms, 

fA pt{A acoustic resistance of the damped pipe, in acoustic 

ohms, 

A » area of the pipe to which the branch is attached, in square 

centimeters, 

P “ denaty of air, in grams per cubic centimeter, and 
e velocity of sound, in centimeters per second. 

The ratio pa/pb' can be determined from the following equation 



11.15 


where cj and <■ the voltages applied to the loud speaker without the 

branch, and 

and eh' « the voltages with the branch attached. 
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The phase angle 0 in radians is given by 



11.16 


where d » distance between the first position of the pointer without the 

branch to the second position with the branch Injftlace, in 
centimeters. The direction towards the loud spemcer units 
is positive and 

X * wavdength of sound in air, in centimeters. 

11.7. MeoaureanAnt of IVoIm. — Due to the complexity of tlie liuman 
hearing mechanism and to the various types of sounds and noises it is 
impossible, at the present time, to build a noise meter which will show the 
time loudness level. The discrepancies can be determined by actual use 
and suitable weighting factors applied to the results. Objective mea.. 
surements are almost indispensable in any scientific investigation. The 
noise meter or sound level meter provides a system for measuring the 
sound level of a sound. 

A schematic diagram of a sound level or noise meter is shown in 
Fig. 11.17. The microphone should be calibrated in terms of a free wave. 



Flo. 1 1.17. Schenutic smingeiTient of the oompoeenta of s noin meter. 

The directional characteristics of the micniphonc should be independent 
of the frequency. The attenuator imd meter should be calibrated in 
decibels. A sound meter reading 60 db means a sound level of 60 db aliovc 
the reference level. The reference point of the decibel scale incorpirated 
in a sound meter shall be the reference sound intensity at 1000 cycles in a 
free progressive wave, namely; lO"** watts per square centimeter, 'file 
response frequency characteristic of the human ear shows less sensitivity 
for frequencies above and below 3000 cycles, Fig, 13.1. llie ovcmll 
frequency ** response of an ideal noise meter should be the reciprocal of 
the ear response frequency characteristics. Tins would make the noise 
meter unduly complicated. The response frequency characteristics rec- 
ommended for the noise meters by the American Standards Association ore 

■■ 

** Amer, Tent. Standards for Sound l^vcl Meters Z 24.3. American Standards 
Association, New York City, 1936, or ^ow, Aeons. Xot. Awer.y Vol. 8, No. 2, 1936, 
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Aom in Fig. 11.18. Curve /f ie recommcndetl f..r njc«uivment« Rt tj* 
bwer level* end curve B for measurements nisiuntl 70 db nbovc the 
threshold. For very loud sounds (80 to 100 db), a flat chnrnctcnilk 

"^^SdsTmeter may be used for noise analysis in offices, ^Ktori^ 
leabturanti. etc. In these measurements a large nunilwr of oliservai^ 
should be made in various positions. The noise meter may also be lO 
measure the transmUsion or attenuation by walls, dtsir, eeilinga «ntl doDta* 

See Secs. 11.10 and 1^2M. 


piAurr* < ^ ~**.T**.^OCliaW OtJCCTTIVC 



FfUQucMcr in cvaxft m ucohd 

Fn, 11.11. Reconunendcd dunuterltdci ior nund level meter*. (American Staiulint 

AModttiao.) 


Hie noise meter is also a useful too] in work on tliu i|ii ioting of initcliUiery. 
Since the radiation pattern of machinery noise is very complex ii liirgc num- 
ber of measurements should be made in various directions relative tit aomo 
axis of the system. For these investigations a fretpiency anuh"/vr nf (he 
heterodyne type, See Sec. 11.3C, is a useful adjunct for (letenninbig the 
nature of the noise. For routine tests in manufacturing it in ciiatoitinry It* 
establish passable limits together with fixed geometrical configitratMiii}i end 
procedures. For routine tests it is absolutely necuasary that the cftlibni- 
don remain correct within a decibel, i.e., dccilnil. 

11.8.^ Heaaarenient of Reverbemtloii Time. — The reverbcrntion time 
for a givw fiiequmcy is the time required for the average sound cnrrgy 
density, initially in a steady state, to decrease after the source is Hiti|iped 
**'*^*°*'^ nf its initial value. The unit is the second, 
any systems * have been developed for the meosuremenr «»f rever- 

2nd Ed., P. HlakiKbin'ii Sun and Co., 
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beration time. Stibinc iisecl an oi^gnn pipe as a source of sound, the ear 
as a detector and a atop watch for meaHuring the time. Since that time 
various types of chronographs, reverburadon bridges, commutators, relays, 
etc., have been developed to measure the reverberation dme of on 
enclosure. 


The high speed level recorder. Fig. 11.7, and the high speed level indi- 
cator, Fig. 11.8, have been found to be the most useful means for mea- 
suring reverberation time because the trace of the entire decay of the sounds 
may be examined. From the rate at which the abscisaa advances and 
the magnitude of the ordinate the rate of decay may be computed. 

11.9. Measurement of Absorptloa Coeffldent — *rhc 


acousdc abaorpdon coeiHdent of a surface is the ratio of the rate of sound 
energy absorb^ by die surface to the incident rate of flow. All directions of 
Incidence are assumed to be equally probable. The sabtn is a unit of 
equivalent absorption and is equal to the eipiivalent absorpdon of one 
square foot of a surface of unit absorptivity, that is, one square foot of 
surface which absorbs all incident sound eneigy. 

The total absoqition in a remm may be obtained from equations 12.2 
or 12.3, if the reverberation time and the dimensions of the room arc known. 


Ibis method of obtaining the absorption coefficient of materials has been 
considered to yield the most reliable results. 

Specialists in the mciusurement of absorption coefficients have used 
large chambers (volume of 4000 to 20,000 cubic feet) for determining the 
absorption coefficient of materials ft*om the reverlicnition time. The 
reverberation time of these chambers, when empty, is from live to ten 
seconds. In chambers of this kind the absorption coefficients of very small 
samples may be determined. 'Fhe aluioq'itinn coefficients of rapresentative 
materials obtained under the aliove conditions by various investigatora 
are shown in Table 12.1, Sec. 12.2/f. 


In this connection it is interesting to note that there is considerable dis- 
crepancy between the values of ab^irption aiefficients (»btnined in rever- 
berant chambers and those obtained in actual use in rooms, studios and 
theatres. For this reason the values given in Tabic 12.1, Sec. 12.1i^, must 


* Wat8on,P. R.,**Acou8ticsof Building," John Wiley anti Sons, Kcw’York, 1 923, 
a Dagcnal and Wood, '* Planning fur Gooir AcousHoi,'’ Methuen, 1931. 

** Knudsen, V. O., " Architectural Acoustics,” John Wiley aial Sons, New York, 
1931 

* Sabine, P. F.., *' Acoustics and Architecture,” McGraw Hill Book Co., Nev 
York, 1932. 

** Olson nrul Mnaan, " Applied Acoustics,” 2iul Ed., P. Blakistou's Son and Co., 
Philadelphia, 1939. 
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be modified by a factor in computing tlic rcvcrlKTUMnii tiim* nf n room. 
It may be said, however, that this data iiuiiciitivi rli<; ndntlvc i* flicicncy of 

the various materials. 

11.10. Ueosoieinent of TranBrnlssion Coefficient. - 'Hie t iiiinuniMion 
coeffident of a partition or wall is defined ns tiu* rurici of the tiiiiiKmitted 
sound enei^ to the rate of the incident (low iif mntnd nierity. '['tie wjund 
insulating properties of a partition consist of n (leterminnri<iti of its trans- 
mission oo^cient. In a general way, the iioiHo retUiction cnuHul by n 
particular structure may be obtained hy nieii.siiriiig the diHerence in level 
of a sound source with and without the intervening partition. Knr defi- 
nidon and equations relating to transmission loss and mliiction fiii'tnr Sec 
Sec. 12.2M. The sound source should he feil with n warltlo.1 frtH|uuiicr or 
rotated in a drde to average out reflection errors. 'I'lie noise meter. Sec. 
11.7, or, as amatter of fact, any of the sound measuring system, See. I I.3.y2, 
may be used to measure the sound reduction. In some c.ises it may be 
desirable to use two or more samples of ilifferent sluipes and ni'eus. When- 
ever possible the measurements shinild he made uiuk*i‘o{H'r.'tring condithms. 
For the transmission characteristics of various stmetiircs see ruble I2J, 
Sec.12.2M. 

11.11. Audlometty^*. — The neuity of hcnrltifr is nirasuml by an 
audiometer. The audiometer consists of an nintio oscillntor for gener- 
ating pure tones, an attenuator calibrated in tlri'ilsds :uu| u leli’pluinu 
reedver, Fig. 11.19. The usual range of test iiiiu*.s arc 128, 2Sf». 512, 


AUMO Oi 

— c : 

_/1 

oacoiAToa ■> 

L.ATTEMUATOR 

^ [ 


TCI Cl^l. 


RCCCIVCR 


Pro. 11.19. Sefaenude amogetnent of ihc coinimiicniN of an aihUoiiH'li'r. 


1024, 2W«, ^6, 8192 cjrcle. per iieniml. run,- p.-in riil.-.l in llir «r 
phone diould be reuonnblp free from hiiriii.inire. 'nie lel<'i>li<.m- n-,Tiver 

(h^old of Mdlblbty. Fig. 13.1. -niin level i» llu- /.ro l. eel ..f .he 
m.tr •■‘"Tl'onv in tliv n.irinnl 

" u'*' • ■" •'« 

perMMi who a hurd of honnng will ehow n honri.ig Ims. -iheso- i,-,„||, 

7.«r. rfoMr. S«. .fwCT,, Vol. 9, No. ••iiwnmlie Putiarw., 
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arc plotted on a graph with the hearing loss in dccibeb m the ordinates and 
the frequency as the abscissa. 

11.12. Articulation Measurements — In the case of speech trans- 

rnisaion the primary object is the realization of conditions which will result 

in the maximum intelligibility, Intelligibility is used to signify the 

accuracy and ease with which the articulated sounds of speech are rec- 
ognized. 

Many methods and tests are used to determine the person’s ability to 
recognize the sounds of speech. Fundamentally, these methods consist 
of pronouncing speech sounds into one end of a transmission system and 
having the observer write the sounds which are heard at the receiving end. 
The comparison of the called sounds with those observed shows the 
number and kind of errors which are made. The system may be the air 
iK’tween the mouth and the ear in a room or it may ^ a telephone system, 
or n sound reproducing system such as a phonograph, r^o or sound 
motion picture. 

Speech material of various kinds may be used. The percentage of the 
total numl)er of speech sounds which are correctly observed is called the 
sound articulation. The terms vowel articulation and consonant orticu- 
Inticm refer to the percentages of the total number of spoken vowels or 
comumonts which are correctly olvierved. If a syllable is used as a unit, 
the per cent correctly received is termed syllable articulation. 

'I'he discrete sentence intelligibility is the percentage of the total number 
of s|)oken sentences which are correctly understood. The discrete word 
intelligibility is the percentage of the total number of spoken words 
which are ajrrectly undcrsttxxl. Lists have been prepared for use in 
articulation testing. These may be used to determine the performance of 
a system ns outlined above. 

' ® Mctcher. l li?* Speech and Hearing,” D. Van Nostmnd Co., New York, 1929. 

* Metchcr and Steinberg, Jour, Amt. Soc. -rfjtrr., Vd. 1, No. 2, Part 2, p. 1, 

1930. 
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ARCHTTBCTDltAL ACOTJSTICS AND THBCOLLBCnOW 

and dispbrsion op sound 

12.1. Ihtreductlon. — The advent of sound reproducing ayateim lifl® 
changed the problems involving architectural acoustics. Before the intro- 
duction of sound reproducing systems the major concern was the oj'^tiiiiujii 
reverberation time and the proper geometrical configuration for the beat 
artistic efiects in music and the maximum intelligibility of speech. Uy 
means of sound reproducing systems speech can be rendered intelligible 
where before it was either too weak to be heard above the general iitHSO 
level or too reverberant. Furthermore, these instruments have tipcnetl n 
field ibr all manner of artistic effects never before possible. 

The theatres which suffer most from insufficient loudness are, of course, 
the la^ enclosed theatre and the open air theatre. Sound reproducing 
systems have opened new vistas in musical renditions Ixjth by repi^xiuctton 
and ivenforcement. In certain instances the volume range of an orchestra 
is inadequate for full artistic appeal or to utilize the full capnhilitiea of thu 
hearing range. In these cases, means are required fur augmenting tJic 
intensity of the original sound. The systems for accomplishing thin 
objective arc termed sound re-enforcing systems. 

Die acoustic problems involving the reproduction of sound motion pic- 
tures are quite unlike those of stage presentations. Rq'trodiiccd stuintl 
offers greater pcmbilities for obtaining the proper artistic effects by tlic 
use of the foUowing ezpetfients: the use of incidental sound, n wiile volume 

range, the control of the reverberation or room chomcteristlcs anti the 
use of various sound effects. 

For large outdoor gatherings, such as state occasions, athletic events in 

large stadiums and parks, sound reproducing systems arc cmploywl to 
amplify the speaker's voice. 

In department stores, hotels, hospitals, schools and factories aoiiiul 
reproducing systems are employed to transmit sound fi'oni a central |vimt 
to leve^ independent rooms or stations. The systema for acaimpliBliing 
this objective have been termed general announce or call systems. 
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12.2. Dispersion of Sound — A. Sound Absorption end Re- 

wrbsration, — When a source of sound is started in a room the enei^ does 
not build up instantly due to the Bnite Telocity of a sound wave. Each 
pencil of sound sent out by the source is reflected many times from the 
absorbing walls of the room before it is ultimately dissipated. A steady 
state condition obtains when the energy absorbed by the walls equals the 
energy delivered by the sound source. In the some way* when the source 
is stopped, some time is required before the energy in the room is com- 
pletely absorbed. Tlie reverberation time has bc^ arbitrarily defined 
by Sabine as the time required for the sound to decrease to one millionth 
of its original intensity after stopping the source. 

Hie equation ^ for the decay of the sound in a room is 

E - 12.1 

where E sound energy density, after a time / seconds, after stopping the 

source, in ergs per cubic foot, 

A ■■ total number of absorption units, in sabins (see definition 

below), 

- 4P*A/f , 

Pq rate at which sound is generated by the source, in ergs per 

second, 

c ■" velocity of sound, in feet per second, and 

y *" volume of the room, in cubic feet. 

The acoustic absorptivity (or absorption coefficient) of a surface is the 
ratio of the flow of sound energy into the surface on the side of incidence 
to the incident rate of flow. Tlie sabin is a unit of equivalent absorption 
and is equal to the equivalent absorption of one square foot of a surface 
of unit absorptivity, that is, of one square foot of surface which absorbs 
all incident sound energy. 

From equation 12.1 the time required for the sound to decay to one 


* Sabine, W. C., “ Collected Papers In Acoustics, " Harvard Uni. Press, Cam- 
bridii& Mms. 

■Watson, F. “ AcousticsofBuildings,” John Wiley and Sons, New York, 1923. 
■ Begetial ami Wood, " Planning for Good AcousticaJ' Methuen, 1931, 

* Knudsen, V. O., " Architectural Acoustics,” John Wiley and fyjns, New York, 
1932. 

■Sabine, P. K., “Acoustics and Architecture,” McGraw Hill lkx)k Co., New 
York, 1932. 

■Olson and Massn, " Applied Acouatics,” 2ml Ed., P. Blakiston’s Sun and Ca, 
Philadelphia, 1939. 

» Franklin, W. S., PHys. Rnt., Vol. 16, p. 372, 1903. 
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millionth of its original intcnaity is 




12.2 


where T time, in seconds, 

y M volume, in cubic feet, and 
/f B total absorption, in sabins. 

T work* has shown that equation 12.2 is unsatisfactory ItJr large 
rooms or rooms with very large absorption. The equation ilcveloped by 
Eyiing is 



.05 y 

- Jlog,(l - Om*) 


12.3 


where y -• volume, in cubic feet, 

S B total area, in square feet, and 
Oai B average absorption per square foot, in sabins. 

A tabulation of sound absorption coefficients for vnrioiiH buiJtliny 
materials and objects is shown in Table 12.1. The coofficienta in tlii.*! 
table were obtained upon small samples in chambers having a rever- 
beration time. In general, these measurements do not agree* witli thoHc 
obtained under actual conditions in practice. That is, ridel mensiireiTiviirtt 
}'ield smaller values than laboratory measurements. However, the valiten 
of Table 12.1 show the relative absorption coefficienta of tfie veirlmiK 
materials. For a complete r^m£ of thi.*i subject sec the Anniveranry 
issue of the Joartfo^ qf the Acoustical Society oj AmcricfSy Vol. 1 1 , N»». 1 , 
Part 1, July, 1939. 

There are a number of methods available for mea.su ri tig the dccity cif 

sound in a room. Sabine and others have used on organ pilie and atop 

watch and have determined by ear the time required for the itounil to tlccuy 

to one millionth of its original intensity. At least two doKcn instruincartil 

methods have been developed for the measuring of the rcvcrlicmtitJii time 

of a room. At the present time, high speed level indicators and rcfoixlcn* 

appear to be the most suitable means for obtaining the revcriicmticm time 
of a room. See Sec. \\.ZA1. 

The articulation* (see Sec. 11.12) of unamptiried speech in auditoriiiniN 
of various sizes as a function of the reverberation time is shown in Mg. 1 2. 1 , 

^®1* '^**^*» Vol. 1, No. 2, p. 217, 19.V). 
luiudsen, \ . 0., Jottr. Acous. Soc, AmcT.^ Vol. 9, No. 3, p. 175, 19.1S. 
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Tabu 12.1. AgiOBPTioji coirnaBirrt or VAkiona builoiho uatuiali abo objkcti 




Frequency 


No. 

Maceriil 

mm 

fm 

512 




Aotbor 



CoeiBdent | 


1 

Dniperiei hung itraiKht, in conciidt 
with wh 1I| ootton fame, 10 07 . per 

1 

1 


■ 




■ 


sq, ycL 

.(13 

M 

,11 

,17 

.24 

.35 

P-Sa 

2 

TbeiHmc, vdour, 18oz*periq. yd 

.05 

.12 

.35 

.45 

.38 

.36 

PJ5. 

3 

Hk same 01 No. 2, hung 4'' from wall. . 

.06 

.27 

.44 

.50 

.40 

.35 

PA 

4 

j Pdt, all hair, contact with wall .... 

.09 

.34 

.55 

, .66 

.52 

.39 

P.S. 

5 

Balaam wool 1'' paper and doth oov- 









ering 

.06 

.30 

.56 

.70 

.56 

.46 

PA 

6 

Rock wool. 

.35 

1 >^9 

.63 

.80 

.83 


V.K, 

7 

Carpet, 0.4" on concrete 

.09 

m 

.21 

.26 

1 ■ 

.27 

.37 

D.R. 

8 

9 

Carpet, 0.4" on 1" felt on concrete. . . . 
Cork hoard t" 

.11 

.14 

.08 

.37 
, .30 

.43 

1 .31 

.27 

.28 

.25 

B.R- 

F,W. 

10 

Flrtez i" on 2"a4" wood studs 16" 




1 

I 

1 



ac 

.22 

.21 

.28 

.31 

.44 

.55 

V.K. 

11 

Moaonite 4" board on 2"i4" wood 









studs 16" Q.C 

.16 

.26 

.34 

.36 

.30 

,25 

PA 

12 

Aibestoa Fdt 

.(ITi 

.14 

.32 

.25 

.19 

.18 

WA 

13 

Acouatci Eiodilor Tile 1" 

.11 

.21 

.53 

.81 

.81 


B.S. 

14 

Acuuiti^cclotei type A ||" 441 email 









hnlci per square foot 

.13 

.28 ' 

.25 

.23 

.23 

.23 

F.W. 

IS 

Wood shoedng, 0,8", pine 

.10 

.11 

.10 

.08 

.08 

.11 

WA 

16 

, Brick wall, unpaintcil 

.024 

.025 

.081 

.042 

.(W9 

.070 

WA 

17 

Bnclt ^sivitoct 

.012 

.013 

.0171 


.023 

.025 

W'.S. 

18 

Concrete porous 2" block Kt in 1 i ^ 









cemenr, lani], mortar 

.15 

.21 

.43 

.37 

.30 

.51 

B.R. 

19 

, Plaster, lime on wood lath on wtiod 









stuth, rough Hnish 

.027 

.046 

.060 

.085' 

.043 

.056 

PA 

21) 

Plaster, gypaum on wood lath on wood 









studs, rough finish 

.016 



.050 

.aio 

.028 

P.S, 

21 

rVritv 

.W 

.19 

.28 

.51 

.56 

.47 

PA 


[ndividual Objects 

AI)aur|ition Units in Sq. Fl (Sabltxi) 

22 

Audience, per person 

3.6 

4,3 

4.7 

4.7 


5.0 

WA 

23 

Auditorium chairs salid scat and liuck. 

.15 

.22 

.25 

.28 

[HR 

1 

P.S. 

24 

^ Auditorium chain upholstered 


3.1 

3.0 

3.2 

IBD 


F.W. 


Akbrevittioni in the above talile ire u Iblknns Wnlleoc Salnne; P.S., P. E. Bahinei 
F.W,, F. R. Wataon; V.K., V. O. Knudeeti; B.R.t Buililing Renearch Statinn, England; 
B.S., U. S. Bureau of S tandnrtlii. 


The avernge power of imampliBul afteech is much less than that rcquiretl 
for distinct hearing. A greater reverherntion time increases the intensity 
of sound at the auditor. Howeveti increitsed rcverberation decreases the 
intcUigibility of speech. These two factors oppose each other with the 
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result that there ia an optimum reverberation for each autlitorinm which 
yields maximum articulation as shown in Fig. 12,1, llie obvious solution 
is the use of sound reenforcing ec[uipment. The articulation for a weak 
average and loud talker without amplification as comparetl to amplified 
speech is shown in Fig, 12,1, By proper selection and placement of the 
loud speakers the articulation chawtenstic may be made considerably 
higher. 



Fu. IZl. theutknladonofaipaiiker in Kuditorianuof viirioiDi volumn, K, rlic Hnini* 
IttMn of ■"ipBSja ipeech, loodi avenge, and a weak tpeaker In an autlimrium ttf 
cobic feet. 

B, SfftmJ Motion Picture Reproducing System^^. — The resultant sound 
energy density at the position of the auditor in a theatre de]ien(ls iip<»ii the 
response and the directional characteristics of the loud speaker and upon 
the reverberation characteristics of the theatre. From the stand { k tint of 
the auditor, it may be said that there are two sources of sound energy, 
namely: the direct sound, which travels directly from the loud speaker to 
the auditor, and the generally reflected sound, which is reflecteil from the 
boundaries before reaching the auditor. 

In a theatre free from ocouadcal difficulties, the energy density of the 
generally reflected sound is pracrically the same for all parts of the theatre. 
Therefore, the solution of the problem of achieving uniform energy density 
is to employ reproduoen that will project the same direct sountl eiieigy to 
all parts of the theatre. The example which follows will illustrate how 
this may be aMomplished by employing a directional loud speaker. 

An elevation view of a reproducer in a theatre is shown in Mg. 1 2.2. 'Ilic 
two extreme points to be supplied are indicated as A and K If the haul 
ipeaker were nondirectional, the ratio of the direct wuind energy iLcnsi ties 

'• Olson and Mssm, 'your. Soc, Mot. Piet. Eng., Vol. 23, No. 2. p. 63, 1 934. 
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at the two points would be inversely proportional to the ratio of the sc^uares 
of the distances from the reproducer. In this particular cose, the difference 
in level would be 13 db. Obviously^ such a large variation in sound in- 
tensity precludes the possibility of satisfactory reproduction over the entire 
area to be supplied. Therefore, a compensating means must be prodded 
to counteract the variation of intensity with the distance from the repro- 
ducer, The directional hnid speaker furnishes a solution of the problem. 

'iTie directional characteristics of the loud speaker are shown in Fig. 12.2. 
In this particular case, the difference of level for a point 40“ from the axis. 



POSITION OH UBTENINC LCVCL 


Kia 12.2, Arrangement of the loud ipeaker 6ir t lounil motion meture rc^rod^ns oyatBrn 
in ■ theatre, llie graph ihowi the intenitjr level at poioti uong the liateniog levd. 

as compared with the level at a point on the axis, is 13 db. The loud 
speaker ia atijiisted until the axis of the characteristic passes through the 
|K)int E. 'Ilien the position of the loud speaker is adjusted until the angle 
0 is 40“. 'iTie distribution over the distance under consideration is shown 
in Fig. 12.2. Sunimarixing, the variation of the sound pressure with the 
angle lictween the axis and the line joining the observation point and the 
reproducer has been employed to compensate for the decrease of the sound 

energy with the diatnneu. 

]''n)m the reaprinse frequency characteristic of the loud speaker the pres- 
sure at any distance r centimeters on the axis may be obtained from the 

following equation. 




12.4 
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where p% •" pressure, in dynes per square centimeter, obtained At a distnnoe 

Ab] in centimeters. 

To obtain the pressure for a point not on the axis, the above equation 
must be multiplied by a factor obtained irom the directional characteristic 
at this frequency. The direct radiation from the loud speaker can dieli 
be obtained for any point in the space. 

*^0 energy density, ergs per cubic centimeter, due to direct radiation 
from the loud speaker is 






where /if ratio of the sound pressure at angle 0 toO ^ 0, 

p * density of lur, in grams per cubic centimeter, and 
f velocity of sound, in centimeters per second. 

To analyze the distribution of the direct sound over the area, the plan 
view of the theatre and the directional characteristics of the reproducer in 
the horizontal plane must be con.sidered. 'fhe angle subtended at the loud 
speaker by the area to be covered will determine the effective dispersion 
angle of the reproducer. The sound energy density due to the generally 
reflected sound is a function of the absorption characteristics (}f the theatre 
and the power output of the reproducer. The .sound energy density, ngs 
per cubic centimeter, due to the generally reflected sound is given by 

^11 - '^^^'' 1(1 - <») 12-6 

where a = the average absorption per unit area, alisorption coefficient, 

•S' the area of the absorbing materials, in square centimeters, 

— the volume of the room, in cubic centimeters, 
t * time, in seconds, 

c »■ the velocity of sound, in centimeters [>er second, and 
P ™ the power output of the loud speaker, in erg-s per second. 

The total sound energy density at any point in the theatre will be the 
sum of the direct and the generally reflected .sound, and may be expressed by 

JSr - Ed + £« 12.7 


On pages 282 and 283 a method was outlined, employing directional loud 
speakers, for obtaining a uniform energy distribution of the direct sound. 
The energy density of reflected sound, as shown by equation 12.6, is in> 
dependent of the observation point. As a consequence, by employing 
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directional loud speakers, the total sound energy density will be the some 
in all ports of the theatre. Furthermore, the effective reverberation of 
the reproduced sound (the ratio of generally reflected to direct sound) is 
the some for all parts of the theatre. 

The distribution of a reproducing system in a theatre is usually checked 
by means of a response measuring system. I1ie plan and elevation view 
of a typical theatre is shown in Fig. 12.3. The response characteristics for 
positions C and D on the orchestra level and E and F on the balcony 
level are shown in the respective graphs. These characteristics show that 



Fio. I2J). A CTiMMecrionaletevation and pliin view of ithcarrc equipped with a lotidipcaker 
for the repnxluction of aounJ motion pictiim. 'Itio graphe show the reaponM frequenef 
characteriadca in varioiu parta of the theatre. 

it is possible to obtain uniform response in all parts of the theatre by fol- 
lowing the procedures outlinetl in the preceding discussions. 

In sound motion picture reproduction the Imid speakers are usually 
placed liehind a pcrforatetl screen u]ion which the picture is pntjccted. Fig. 
12.3. Sound is transmitted through the screen by nctual vibration of the 
screen and by the perfomtions. In general the transmisHuin by vibration 
is negligible. The perforations usually consist of small circular holes about 
a millimeter in diameter. I'hese hole.<i form an inertance and acoustic re- 
sistance. See Secs. 5.3 and 5.11. llie resistnnee of the holes introduces 
attenuation which is usually small. 'I'he acoustic reactance due to the in- 
ertanoe increases with frequency, and therefore the attenuation increases 
with frequency. The response characteristic of the screen shows more or 
leas constant attenuation in the low and mid freijuency ranges due to the 
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acoustic resiatfince of the holes. However, the nttcniiation in the high fre* 
quency range increases with frequency due to the acoustic reactance of the 
holes. The inertance increases with the thick nesa of the screen and de- 
creases as the ratio of the open to closed area of the screen increases. For 
example, for 3 db attenuation at 10,000 cycles the hole area is usually 15 
to 20 per cent of the screen area. If the hole nren is 7 to 15 per cent the at- 
tenuation is about 6 db at 10,000 cycles and nlKiut 3 dh at 5000 cycles. 
These examples show that the screen is an important problem in wide range 
reproduction. 



POamOH ON LISTCMMG LEVEL 


■hon the Inteniity lerel 
Curve 0, the inteiwity i 


of the oomponenti 


in a rneutre. i mu 


lew doc to the loud ipcaker. Curre 7* the iwilunt inteniity level, 

C. Soufui Re^t^orcing Systems — A loigc thentre tx[uippud with a 
sound tt-enforang system is shown in Fig. J 2.4. Microphones are con- 
c^ed m the footUght trough for collecting the sound on the stage niul 
others are placed m appropriate positions in the orchestro. 'Jlje Imid 
speakers are located above the stage in the proscenium arch. ITic vtilume 
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conbxil and microphone mixing ayatem is usually located in a box or booth 
in the balcony. 

I n this system there are two sources of direct sounds namely: the oripnal 
aoiind and the nuginented sound from the loud speakers. Usually the in- 
tensity of the original sound issuing fioip the stage will be ijulte satisfactory 
on the orchestra floor near the stage and, os a consequence, it is not neces- 
sary to augment the sound in this portion of the theatre. As the distance 
fi'om the stage increases, the original sound intensity decreases. To make 
up for this loss the sound energy from the loud speakers must progressively 
increase towards the rear of the theatre. It is the purpose of this section 
to describe and analyze a sound re-enforcing system. 

Consider the system shown in Fig. 12.4. If the distance between the 
source of the original sound and the point of observation is r centimeten, 
the eneigy density, in et^ per cubic centimeter, due to the direct sound is 

Edi - 118 


where Pdi power output of the sound source, in ergs per second, and 

e ■■ velocity of sound, in centimeters per second. 

The sound intensity or intensity may be obtained from the energy den- 
sity by multiplying it by the velocity of sound. The reference intensity 
for intensity level comparisons is 10^ ergs per second or 10““ watts per 
square centimeter. The intensity level of a sound is the number of decibels 
nlMve the reference level. 

Tile intensity level on the orchestra floor resulting fram a sound source 
as, for example, a speaker or singer on the stage, is given by the curve 0 
of Fig. 12,4. It will be seen that the intensity level of the direct sound in 
the rear of the house is inadequate for good hearing. The arrangement 
and characteristics of the sound re-enforcing system should be chosen so 
that the resultant intensity level, due to the direct sound from the com- 
bination of the original source and the loud speakers, is the some for all 

parts of the audience. 

The cneigy density, in ergs per cubic centimeter, at a distance r centi- 
meters due to direct radiation from the loud speaker, from equation 12.5, is 



where pt = pressure, in dynes per square centimeter, obtained at a dis- 
tance xo centimeters, 
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Rf ■■ ratio of the pressure at the angle 0 to $ Oy 
p E density of air, in grams per cubic centimeter, and 
e = velocity of sound, in centimeters per second. 

The problem is to select a loud speaker with suitable directional char- 
acterisdcs, see Sec. 12.2^, and then to adjust the power output aud orien> 
tation so that the sum £di + Em of equations 12.8 and 12.9 is a constant 
for all parts of the listening area of the theatre, llie intensity level on the 
orchestra floor, in Pig. 12.4, due to the direct sound from a loud speaker 
having directional characteristics os shown, is given by the curve L, The 
intensity level due to the combination of the original sound and augmented 
sound from the loud speaker is shown by airve T of Eig. 12.4. Tl»e re- 
sultant intensity is quite uniform over the orchestra floor. A similar analy- 
sis wilt show that the intensity level in the balcony is also relatively tinl- 
Jbrm. Further consideration of the characteristic of Fig, 12.4 shows that 
the total intensity level characteristic remains uniform when the output 
of the loud speakers, that is, the gain in augmented sound, is varied over 
wide limits. 

The energy density, in ergs per cubic centimeter, in the theatre due to 
generally reflected sound is 

[1 - 12.10 

o 

where a » average absorption per unit area, nl)Sor|ition coeflicient, 

S ■> ares of absorbing materials, in square centimeters, 
y • volume of the theatre, in cubic centimeters, 
t ~ time, in seconds, 

c ■> velocity of sound, in centimeters per second, 

Poi » power output of the original sound, in ergs )x.t second, and 
Pm power output of the loud spicaker, in etgs por second. 

The aid obtained from reflected sound in a directional sound re-en foi'dng 
system is relatively small, ranging from 2 to 6 rib. 

The microphones for collecting the sounds are usually concealed in the 
footlight tTough.** By employing directional loud speakers, os outliiicd 
above, the sound level at the microphones due to the loud speakers is low 
and thereby reduces the tendency of acoustic feedback or rqfenemtion in 
the reproducing system. In large theatres, having an expansive stage, the 
pickup distance will be very large. Consetjuently, the suunil which reaches 
the microphones from the original source will be small and will require coiw 


Olson, H. F., RCA Revievy Vol. I, No. 1, p. 49, I93fi, 



DISPERSION OF SOUND 


289 


siderable amplification which incrcaan the tendency for feedback. In 
cases where difficulties are experienced, due to acoustic feedback, a further 
reduction in coupling can be obtained by employing directional microphones. 
Furthermore, the stage collecting system should not be responsive to 
sound originating in the orchestra or audience. In case the micro, 
phones are located in the footlights, the shielding effects of the apron, to- 
gether with a velocity microphone, Fig. 12.5, are in general sufficient to 
accomplish this objective. Where it is impossible to shield the micro, 
phones in this manner the unidirectional microphone has been found to be 
very useful, as will be seen from a consideration of the directional charac- 
teristics of this microphone shown in Fig. 12.5. 




Fm. 12,5. Amngementt deptcHng tlw me of directional loud ■peakeri and microplwiM 
for reducing fiMdback between tne loud ipeaker and the microphone. TIh amti^mant 
on the left employa a veladtY micraphooe, A ihield it wed to reduce aound pickup fram 
the orchettn and audience, llic arri^emcnt on the right emidoyt a unidinetional micro, 
phone. The directional chancterittici of thli micropnonu are particularly adaptod far 
collecting aoundt on the ttage and diBcrimioadng ngaimt lountla coming from tlie ordicatn 
and audience. 

In order to '* cover ” the action from any part of the stage several micro- 
phones are employed, usually spaced at intervals of ten feet. The output 
of each stage microphone and orchestra microphone is connected to a aepo^ 
rate volume control on the mixer panel, 'rhis mixer and volume control 
system is located in the monitoring box. By means of this system the 
operator follows the action by selecting the microphone nearest the action 
on the stage. The operator also controls the ratio of the volume of- the 
stage sound to that received from the orchestra when there is an orchestral 
accompaniment as well as the overall intensity of the augmented sound. 
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The monitoring box is usually located in the rear balcony, the posit w 
which is the most susceptible to the augmented sound and «)iic whicli also 

furnishes a good view of the action. 

D. Rnerberation Time of a Theatre for the Reproduction qf Sound. — fhe 
optimum reverberation time of theatres for the reproduction or the re- 
enforcement of sound as a function of the volume of the auditorium j for a 




rREQUEMCY IM CYCLES PER SECOND 



VOI.UUE IN CUBIC PEET 


Fro. 12& Loirer gnph ihowi the optimum reverbemrion time for t tbcatru os n funciuiii 
of the voluioe fi)r IGOO cydei. Upper graph ihom the rdotion between the ruvurheniiiiin 

dme Atid the (»queiic7i that ii, the rewbcfadon dnK at other rnxiuendca ia cibtaiticil by 
moltiplyuig by a, 

frequency of 1000 cycles, is shown in the lower graph of Fig. 1 2.6. 'Phe 
reverberation time for other frequencies can be obtained by multiplying by 
the factor A, obtained from the upper graph of Fig. 12.6. 'flic fcvorbcni- 
tion time increases at the lower and higher frequencies so that the nurnl 
rate of decay of pure tones will be approximately the same for nil fixiiucn- 
dcs. See Secs. 13.4 and 13.5 and Figs. 13.1 and 13.2. 

E. Pouter RequireTnents for Reproducing Systems **. — I’hc ]xiwcr rut]uilX'- 
“ Olson, H. F., RCA Rntewt Vol. 1, No. 1, p. 49, 1936. 
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ment is an important factor in the motion picture and sound re-enforcing 
systems. The minimum intensity which these systems should be capable 
of prcxlucing is W db. 0 db « .0002 dyne per square centimeter. The 
graph of lug. 12.7 shows the acoustic power required, ns a function of the 
volume, in auditoriums to produce a level of 80 db. In large auditoriums 
where the orchestra is also reinforced the power available should be greater. 
For example, to render full artistic appeal, the system should be capable 



Fio. 12.7. Acouatic power tequired to jwndiioe an intetuity level of 80 db aa n fanetion of 

the vi4ume of the aiulitorium. 

of pnxiucing a level up to 1(X) db. 'I'his means a piwcr of 100 times that 
shown in lug. 12.7. Systems for pn}ducing this sound level without dis- 
tortion usually retjuire B|%CTa1 amplifiers and loud s|>enkcni. 

!•'. Noise at Differenl LoetUiotu, — 'Itic ease with which speech may be 
heard and understood depends u|K)n the noise conditions ns well ns upon 
the other characteristics of n sound reproducing system. The full nrtistic 
effects of musical reproduction can only be obtained with a wide volume 
range. This volume range, of course, tleftends ii]X)n the noise level at the 
listening point. The toleriihle level of the noises generated in any repro- 
ducing system dejiends ii|Min the noise level at the repnxiucing point. 

I'he noise level of residences, hiisiness offices and factories is shown in 


wScacortl, O. R, Elec. Etig., Vol. 58, N<i. 6, p. 255, ]W9. 
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Fig. 12.8. The reference level is 10-« watts per sqimrc centimeter. It 
will be seen that there is a wide variation in the noise from one locnOon to 
another. For oiounple* 5 per cent of the residences hnve a noise Jwel of 
32 db while another 5 per cent have a noise level of SO dli. J ne metwy 
noise levels were taken in two parts of the country. 1 he liiglicr 1^®* J® 
for the Eastern part of the United States while the lower level is for the 
Midwest. This is probably due to the different types of manufacturing. 



SOUND Leva, in DcciseLS 

Flo. 12J. Boom doim in reii<kooe> borinoM, wid ficbory locndona. (After Seiiconi.} 

The noise level in various locations is shown in 'i'abte 12.2. All data 
were obtained with a noise meter employing the characteristics of J*ig. 11.18. 

G. Puilie Addrets Systtms^, — The term public address syatein oi'ili* 
narily refers to a sound reproducing apparatus for use in addressing large 
assemblages. There are innumerable specific applications of sriiiiKl re.> 
producing apparatus for this purpose. 'Ilie problems in all these ai tunticaia 
are practieoliy the same. It is the purpose of this section to consider some 
typical examples of the use of public address systems. 

R^ardlcss of the size of the athletic field or baseball park, n puhtic nd* 
dress system is useful for informing those in the stands of whaC is hap- 
pening on the field. In general, the chief requirements are ns fcillows: 
uniform distribution of sound intensity in all parts of the stand, ndcciimte 
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pttwer to override any anticipated noise level of the maximum crowd, 
and facilities available for microphones at predetermined points. 

A lai'ge stadium equipped with a public address system is illustrated by 
the left portion of ^g. 12.9. Due to the size and configuration of the 
audience area it is practically impossible to obtain satisfactory sound level 
and coverage with a single loud speaker. Consequently, the loud speokets 

TaSLK 11.2. NOUl LBTtU FOE ▼AUOUl SOUtCBI AND UOCATIOin 
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arc placed at intervals near the lx)iindary of the field sufficiently close to- 
gether so that uniform resjKmsc is obtaineil in the horizontal plane. ^ The 
elevation view of Mg. 12.9 shows how uniform sound distribution is ol>- 
tained in the vertical plane by means of the directional characteristics. 
The niicrophonca are usually hxratetl either on the field or in the press box. 

A boHeball field equipiwl with a public address system is illustrated by 
the right portion of Mg. 12.9. As contrasted to the stodium, here a single 
loud speaker station is usctl tti supply the entire audience area. The dis- 
tance between the loud siwakers and the auditors is very large. Therefore, 
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the verticftl coverage angle ia very small, which means that practically 
any system will have a distribution angle sufficiently brtnul to supiily the 
required vertical spread. However, for ctmservntion of p<]wcr tlac vertical 
spread of the loud speaker should correspond t(j the vertical angle subtended 
by the autbence at the loud speaker. Since the distance of cliosu nearest 
the bod speaker to those farthest removed (that is, considering tlie vertical 
angle only) ia very nearly the same, the sound intenaity rrt>m the loud 
speaker will be practically the same for nil parts of the nudieucu throiKli 
any vertical plane and the use of conqiensntion by means of the directions] 
characterisbca for change in distance in the vertical plane to obtain uiiiforni 
response is not necessary. In the horizontal plane the spread of the Itn id 
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Fbl 12.9. Two ftirmngemencs of Mmiu] Sh- ;ult!rming aHHvnib)a|{cH in iNrm Mead. 

■Uo^ Fof m e lUdium on the left h (otBi* nuinlu-r nt' loiiii H|H.‘akcrs arc unciI, tstli kmd 
ipB^ cofemig a iinall imrtion of the ioihI nrcii. Fur iIk- hall park tui l liu riidit. ■ 
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speaker should correspond to the j 

loud spe^^. Since the center lint, i.i iniiiu-m i^-hkivihii n iiircciinnai 
characteristic of the shape shown is necessnry fur obtaining the snnu* Kutirvl 

grandstand. To eliminate any tliflieultivH ihie In 
feedback, a vcloaty microphone is usetl niul firienteil si> that tin* platu; uf 
zero reception passes through the loud sjx.*aker system. 

The swnd level required for public adtlivss work of the t voe e<Mi>ii]cml 
above will be determined by the noise level of the maximum erounl. In 
generd, it is not practical to employ a .sysu-m with sufficient laiwvr la 

power ihooM be niffiaent b> override the general intiee during reUlively 
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quiet intervals. The noise level may be determined by means of a noise 
meter, llie power available should be BufRdent to produce a minimum 
aound level of 80 db or> for very ooWy conditions, 20 to 30 db above the 
noise during the relatively quiet intervals. In the two examples dted 
above and, in fnct, for all outdoor public address work, the only considera- 
tion in direct sound. The problem is to sdect amplifiers and loud speakers 
with characteristics which will deliver the required sound level over the 
diatariccs and areas considered. The steps in the selection of a system 
may be as follows: lurst, the directional characteristics should be deter- 
mined, ns outlined in the preceding discussion, so that uniform response is 
obtained over the audience area. Second, either a single or a group of loud 
speakers having tlie desired directional characteristics should be selected. 





Kio. 12.10. Two oiTtniieinetiti of wund rMnfardng lyiteini for an outdoor dwatrfc The 
nrraiiipment on the kft employ* « dnsjo kxKl ipcmker havuiB f 

tcriatic* til imiducc ■ uniform intciaity level over the audience ^ 
the i^t cmpioyB a number of loud ipcikcn, each oovenng a small portwii of the audience. 

niitxl, tlic response characteristic of the system on the axis at a specified 
inptit and distance should be available to show the amplifier powff re- 
quired to supply the desired intensity level. Fourth, the power handling 
cajmeity of the loud speakers and amplifiers should be adequate to supply 

the retiuireil intensity level. 

Two tyixa of sound rc-onforcing installations for on outdoor theatre ^ 
illustrated in Fig. 12.10. The system depicted on the h^t employs a single 
Icaicl speaker station. The same procedure for obtaining uniform sou^ 
coverage and aileipiate intensity level of the direct simnd as used m tte 
preceding considerations is applicable in this case. ITie system depicted 
tin the right employs a large number of loud speakers, each one supplying a 
smaU portion of the audience. The directional chamctensacs of the loud 
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speakers should be selected so that each individual area is adequately sup- 
plied. Cognizance must be taken of the energy supplied from adjacent 
loud speakers. 

There are certain advantages in each system. In the case of the single 
loud speaker system, better illusion is obtained because the augmented 
sound appears to come from the stage. On the other hand, the intensity 
level outside the audience area in a backward direction falls off* very slowly. 
At a distance equal to the length of the audience area the level is only 6 db 
lower than that existing in the audience area. In certain locations the 
sound levels produced by such systems will cause considerable annoyance 
to those located in the vicinity of the theatre. By dividing the theatre 
area into small plots, each supplied by a loud speaker, and by directing the 
loud speakers downward, the sound intensity level outside the audience 
area will be considerably lower than in the case of the single loud speaker 
station and usually eliminates any annoyance difficulties. 'I'he short 
sound projection distance is another advantage of the multiple loud speaker 
system. 

The above typical examples of outdoor public address and sound re- 
enforcing systems illustrate the principal factors involved in this field of 
sound reproduction. 

H. General Announce and Paging Systems'^^. — General announce sys- 
tems are useful in factories, warehouses, railroad stations, airport terminals, 
etc. A typical installation is depicted on the left portion of l^"ig. 12.11. 
For this type of work intelligibility is more important than quality. The 
deleterious effect of reverberation upon articulation can be reduced, and a 
better control of sound distribution can be obtained, by reducing the low 
frequency response of the system. Furthermore, the cost of the amplifiers 
and loud speakers is also reduced by limiting the frequency range. 
find the power required, the sound intensity level under actual operating 
conditions should be determined. The system should be designed to pro- 
duce an intensity level 20 to 40 db above the general noise level. Under 
no conditions should the system be designed to deliver an intensity level 
of less than 80 db. The loud speakers should be selected and arranged 
following an analysis similar to that outlined in the preceding sections, 
that uniform sound distribution and adequate intensity levels are obtained. 

For certain types of general announce, paging and sound distributing 
installations, as is used in schools, hospitals, department stores, hotels, etc., 
the intensity level required is relatively low and the volume of the average' 
room is usually s mall. For most installations of this type, save in noisy 

“Olson, H. F., RCA Review^ Vol. 1, No. 1, p. 49, 1936. 
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locations, an intensity level of 70 db is more than adequate. Higher inten- 
sity levels tend to produce annoyance in adjacent rooms. From a con- 
sideration of the data of Fig. 12.7, it will be seen that the power require- 
ments for the loud speakers will be small. To blend with the furnishings 
of the room, It is desirable to mount the loud speakers flush with the wall 
surface. Therefore, for these applications, a direct radiator loud speaker 
of the permanent magnet dynamic or magnetic type is most suitable. In 
this connection it should be mentioned that these loud speakers have a 
very low efficiency, being of the order of 1 per cent as compared to 25 per 
cent to 50 per cent for the horn loud speakers. 
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Fig- 12.11. Two uses of call, general announce, and sound distributing systems. On the 
left, a high efficiency horn is used to obtain a high sound level over a large floor area as in a 
factory or warehouse. On the right, small direct radiator loud speakers are used to supply 
the small rooms at a relatively low level as in paging, announcing, and centralized radio 
installations used in hospitals, hotels, or schools. 

For large rooms requiring large acoustic outputs it is more economical 
to use a high efficiency loud speaker and effect a corresponding reduction in 
the power amplifier requirements. On the other hand, for an installation 
of the type depicted on the right side of Fig. 12.11 and requiring a large 
number of units, it is more economical to use relatively inefficient low cost 
loud speakers and correspondingly larger amplifiers. 

I. Intercommunicating Systems. — Intercommunicating systems are loud 
speaking telephones for use in communicating between two rooms. The 
more elaborate systems are similar to the general announce system 
described in Sec. 12.2// with the addition of microphone positions in more 
than one room. The simplest system consists of two units for use between 










298 


ARCHITECTURAL ACOUSTICS 


two stations. The master unit contains an amplifier, microphone, loud 
speaker, and a talk-listen switch. The remote unit consists of a micro- 
phone, loud speaker, and talk-listen switch. In some of these systems 
the loud speaker with suitable electrical compensation is also used as a 
microphone. Additional stations and appropriate switching systems may 
be added for communicating between a number of rooms. The voice 
currents are carried in two ways: in one by direct wire, and in the other 
by using a high frequency carrier on the power mains. I'he latter system 
does not require wiring but has the disadvantage that in large buildings 
having several separate systems cross-talk may occur. 

J. Radio Receiver Operating in a Living Room^*^, — The radio receiver and 
phonograph represent by far the largest number of complete reproducing 
systems. For this reason, the performance of a radio receiver in a room 
is an extremely important problem. Equations 12.4, 12.5 and 12.6 for 
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Fig. 12.12. A plan view of a living room with a radio receiver. The graphs show the resjx^nae 
frequency characteristics for various positions in the room. 


the direct and reflected sound are applicable to a radio receiver in a room. 
In the case of a theatre it is possible to adjust the loud speakers so that the 
direct sound is the same in all parts of the auditorium. It is not practical 
to arrange the loud speakers in a radio receiver so that there will be no 
variation of the direct sound with distance. In view of tlie rather small 
distances and relatively small volume of the room this is not very important, 
t is important, however, that the directional characteristic be independent 

of the frequency and sufficiently broad to send direct sound into all listen- 
ing areas. 


The response frequency characteristics of a good radio receiver taken 
at various listening positions in a typical living room are shown in Fig. 1 2, 1 2. 

Applirf Aco..*s,"2nd Ed., p. 401, P. Rlakfeom’. S,.„ .nd 
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Graph A shows the response frequency characteristic very close to the 
receiver and, therefore, indicates the direct sound output. The direc- 
tional characteristics of this receiver were uniform over an angle of 120®. 
The sharp variations in response frequency characteristics taken in other 
parts of the room are due to the reflected sound. The direct sound energy 
density and the reflected sound energy density are approximately equal 
at a distance of five feet from the receiver for the average living room and 
average reproducer. It is interesting to note that the response frequency 
characteristics taken in various positions in the room have the same shape 
as that taken very close to the receiver. The reverberation time charac- 
teristic of this room was quite uniform with respect to frequency, there- 
fore, the reflected sound does not vary appreciably with frequency since 
the output of the receiver is independent of the frequency. See equation 
12 . 6 . 

The response frequency characteristics upon the ears. Fig. 13.1, to be 
considered in Sec. 13.4, show that corresponding to the intensity of a 1000 
cycle note there is an intensity at another frequency that will sound as 
loud. These characteristics show that if the sound is reproduced at a lower 
level than that of the original sound it will appear to be deficient in low 
frequency response. In general, the reproduction level in the home is 
much lower than the level of the original reproduction. In order to com- 
pensate for the low frequency deficiency, the volume control in most radio 
receivers and phonographs is designed so that the low frequency response 
is accentuated in an inverse ratio to the relative sensitivity of the ear in 
going from the original level to the lower level of reproduction. This type 
of volume control is termed an acoustically compensated volume control.^® 

K. Radio Receiver Operating in an Automobile . — The loud speaker in an 
automobile is usually placed in one of the following three positions: in the 
header (above the windshield), in the instrument panel, and on the fire 
wall or dash. The header position gives somewhat better distribution of 
high frequency response in the back seat than the other two positions. 
However, the low frequency response of a loud speaker movinted in the 
header is usually attenuated due to the small volume behind the loud 
speaker. The dash or fire wall position gives good distribution of high 
frequency response in the front seat bvit not as good distribution in the 
back seat. The low frequency response in this pc^sition can be made very 
good by employing a large loud speaker case or by venting the back of the 
case into the engine compartment. Sometimes a combination of a low 
frequency dash loud speaker and a high frequency header or instrument 


Wolff and Cornell, Electronics^ Vol. 6, No. 2, p. 50, 1933. 
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panel loud speaker is employed. At the present time the favored position 
for the loud speaker appears to be in the instrument panel because in this 
location the radio receiver, loud speaker, and controls may be combined 
into a single compact unit. The distribution of sound is excellent in the 
front seat and good in the back seat. The stiffness presented to the back 
of the cone is small because the entire radio receiver case volume is used 
to enclose the back of the loud speaker. Therefore, the response may be 
maintained in the low frequency range. In order to reduce annoyance 
from hiss generated in the receiver due to the relatively weak signals 



PER CENT RELATIVE HUMIDITY AT 20^ CENTIGRADE 


Fig. 12.13. Curves showing the absorption of a plane sound wave in passing through air, 
at 20® C. for different frequencies, as a function of the relative humidity. The intensity 
after a plane wave has travelled a distances- centimeters is where /o is the intensity 

at « 0 and m is the coefficient given by the above graph. (After Knudsen.) 


delivered by the antenna, it is customary to attenuate the response above 
4500 cycles. The low frequency response in reproduction is usually masked 
at the higher speeds by wind noise and road rumble. Also see Sec. 1 1 .3//7. 

L. Absorption oj Sound in Passing Through Air. — The absorption of 
a plane progressive sound wave in passing through air may be several times 
that predicted by the classical theory. The anomalous absorption is 
primarily dependent upon the humidity, although it is also affected by im- 
purities such as H2O, H2, H2S and NH3. This, of course, means that there 
may be considerable frequency discrimination of the reproduced sound in 
large theatres where the sound travels a long distance. In addition, the 
reverberation time will be reduced at the higher frequencies. The co- 


Knudsen, V. D., Jour. Acous. Soc. Amer.y Vol. 6, No. 4, p. 199, 1935. 
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efficient per centimeter for 1500, 3000, 6000 and 10,000 cycles as a function 
of the humidity is shown in Fig. 12.13. 

M. Sound Transmission through Partitions — The problem 
of sound transmission through partitions and walls is complicated because 
of the many factors involved. The problem of the mass controlled single 
wall partition is very simple. The sound insulation of this type of parti- 
tion is proportional to the mass and frequency. For the usual building 
materials and walls of ordinary dimensions supported at the edges, the 
problem is that of the clamped rectangular plate with distributed resistance 
throughout the plate and lumped damping at the edges. Obviously, the 
performance of this system depends upon the size, the ratio of the two 
linear dimensions, the weight of the material, the damping in the material 
and the edge supports. This type of problem is not amenable to an ana- 
lytical solution. 

The transmittivity of a partition is defined as the ratio of the intensity 
in the sound transmitted by the partition to the intensity in the sound in- 
cident upon the partition. The transmission loss, in decibels, introduced 
by the partition is given by 

T.L. = 10 logio T = 10 logio - 12.11 

It T 

where li == intensity of the incident sound. 

It = intensity of the transmitted sound, and 
r = transmittivity or transmission coefficient. 

The coefficient of transmission r is a quantity which pertains alone to the 
partition and is independent of the acoustic properties of the rooms which 
it separates. 

The reduction factor is the ratio of the sound energy density in the room 
containing the sound source to the sound energy in the adjoining receiving 
room. The reduction factor, in decibels, is given by 

R.F. = T.L. + 10 logio ^ 12.12 

where A = total absorption in the receiving room, and 
*5 = area of the test pattern. 

Rayleigh, “ Theory of Sound,” Macmillan Co., London. 

Eckhardt and Chrisler, Bureau of Standards, Paper No, 526. 

Knudsen, ** Architectural Acoustics,” John Wiley and Sons, New York, 1932. 

Sabine, “ Acoustics and Architecture,” McGraw Hill Book Co., New York, 
1932. 

Watson, ** Acoustics of Buildings,” John Wiley and Sons, New York, 1923. 

24A Morrical, K. C., Jour, Acous. Soc, Amer.y Vol. XI, No. 2, p. 211, 1939. 
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Equation 12.12 shows that the reduction is due to both the loss intro- 
duced by the partition and the absorption in the receiving room. 

The choice of a partition for invSulating a room against sound involves a 
number of considerations. Some of the factors are the frequency distri- 
bution and intensity level of the components of the objectionable sound, 
the transmission frequency characteristics of the partition, the ambient 
noise or sound level in the receiving room which will mask the objection- 
able sound and the response frequency characteristics of the ear. 

Measurements have been made by various investigators upon the trans- 
mission by single partitions. The results of these measurements arc shown 
in Table 12.3. 


Table 12.3. noise reduction through various structures 


Material 

Weight 
in Lbs. 
per 

Sq. Ft. 

Reduction Factor in DB 


Author 




mm 

H 

Aluminum, .025" 

.35 

1 

18 

13 

18 

23 

16 

B.S. 

Iron, .03" galvanized 

1.2 


25 

20 

29 

35 

25 

B.S. 

Lead, J" 

8.2 


31 

27 

37 

44 

32 

B.S. 

Plywood, i" 

.73 


21 

21 

25 

26 

21 

B.S. 

Celotex, Standard 

.30 


14 

15 

18 

24 

15 

B.S. 

Celotex, Standard i" 

.66 


22 

17 

23 

27 

20 

B.S. 

Hair Felt, 1" 

.75 

4.9 

4 . 6 

6.0 

7.1 

6.7 


P.E.S. 

Hair Felt, 4" 


7.5 

12.5 

15 

19 

19 


P.E.S. 

Wood Studs, Wood Lath, Lime 









Plaster 

1 18 

27 

29 

38 

47 

4.3 

43 

PJLS, 

Tile, 2" Gypsum 

20 

25 

34 

44 

51 

63 

48 

P.E.S. 

Tile, Clay 6"x 12"x 12" Plastered 









both sides 

37 


41 

35 

45 

52 

40 

B.S. 

Brick, 8" Plastered both sides 

87 


50 

48 

55 

63 

50 

B.S. 

Door, Light 4 Panel 


13 

16 

20 

23 

22 

22 

P.K.S. 

Door, Oak 

j 

15 

18 

23 

26 

25 

25 

I\K.S. 

Door, Steel 


25 

27 

31 

36 

31 

35 

I>.E.S. 

Window Glass, Plate i" 

3.5 


33 

31 

33 

35 

30 

B.S. 

Window Glass, Small Panes . . 


19 

20 

24 , 

31 

28 

29 

P.E.S. 


The abbreviations in the above table are as follows: B.S. — Bureau of Standartis: P.E.S. — 
P. E. Sabine. 


The mass controlled partition with air between the partition elements 
is a low pass filter in which the mass of the wall is the scries clenicnt and 
the volume between the partitions is the shunt element. Sec Sec. 4.10/.>. 
The partitions in this case are mounted in edge supports which allow free- 
dom of motion without cracks which would pass air borne sound. 

N. Nonlinear Bistortion Generated in a Plane Sound Wave. — A sound 
wave of large amplitude cannot be propagated in air without a change in 
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wave form. Physically the distortion is due to the nonlinearity of the 
atmosphere. The harmonics generated in an exponential horn have been 
considered in Sec. 8.3/f. The distortion generated in a sound wave propa- 
gated in air is of interest in certain problems involving high sound levels. 

The ratio of the second harmonic, generated in a plane sound wave, in 
traversing a distance to the fundamental is 

Pi = (7 + l)lTrpifx 

pi 2 

where 7 “ ratio of specific heats, 1.4 for air, 

pi = fundamental sound pressure, in dynes per square centimeter, 
^0 == atmospheric pressure, in dynes per square centimeter, 
p2 == second harmonic sound pressure, in dynes per square centi- 
meter, 

c “ velocity of sound, in centimeters per second, 
f = frequency, in cycles per second, and 
X “= distance, in centimeters. 

The distance which a plane wave must travel to produce 1 per cent 
distortion for a pressure of 1, 10 and 100 dynes, for frequencies of 100, 1000 
and 10,000 cycles, is shown below. 


Pressure in 

Distance in Centimeters 

Dynes per 
Square Centimeter 

100 cycles 

1000 cycles 

10,000 cycles 

1 

9 X 10® cm 

9 X 10* cm 

9 X 10® cm 

10 

9 X 10^ cm ' 

9 X 10® cm 

9 X 10® cm 

100 

9 X 10® cm 

9 X 10® cm 

90 cm 


12.3. Collection of Sound. — A. Sound Collecting System When 

a source of sound is caused to act in a room, the first sound that strikes a 
collecting system placed in the room is the sound that comes directly from 
the source without reflection from the boundaries. Following that conies 
sound that has been reflected once, twice and so on, meaning that the 
energy density of the sound increases with the time, as the n'un^r of 
reflexions increase. Ultimately, the absorption of energy by the Wd- 
aries equals the output of the source and the energy ensi y a 

asQlson H. F., Proc. Inst. Rad. Eng., Vol. 21, No. S, p. 655, 1933. p. 

& and Massa, "Applied Acoustics,” P. Blakiston s Son and Co., Philadel- 

phia. 
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lecting system no longer increases; this is called the steady state condition. 
Therefore, at a given point in a room there are two distinct sources of sound, 
namely: first, the direct and, second, the generally reflected sound. For 
rooms that do not exhibit abnormal acoustical characteristics it may be 
assumed that the ratio of the reflected to the direct sound represents the 
effective reverberation of the collected sound. 

Consider a sound collecting system. Fig. 12.14, the efficiency of reception 
of which may be characterized as a function of the direction with respect 
to some reference axis of the system. (The nondirectional collecting sys-^ 
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Fio. 12.14. Sound collecting system in a studio. Graph A shows the reverberation time and 
the absorption coefficient of the boundaries of a typical studio. Graphs By C and D show 
the energy response for the direct and reflected sounds for various microphones as follows: 
B. Nondirectional microphone. C, Bidirectional velocity or unidirectional microphone. 
Z). Ultradirectional microphone. 


tern is a special case of the directional system in which the efficiency of 
reception is the same in all directions.) The output of the microphone 
may be expressed as 

^ 12.14 

where e — voltage output of the microphone, in volts, 

f ~ sound pressure, in dynes per square centimeter, 

^ == sensitivity constant of the microphone, and 
}// = angle between incident pencil of sound and the reference axis 
of the microphone. 

If the distance, in centimeters, between the source of the sound and the 
collecting system is D, the energy density at the microphone due to the 
direct sound is 

Ed = 12.15 

DHtc 
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where Eq = power output of the sound source, in ergs per second, and 
c = velocity of sound, in centimeters. 

To simplify the discussion, assume that the effective response angle of 
the microphone is the solid angle 0 radians. The direction and phase of 
the reflected sound are assumed to be random. Therefore, the reflected 
sounds available for actuating the directional microphone are the pencils 
of sound within the angle O. The response of the directional microphone 
to generally reflected sound will be fi/47r, that of a nondirectional micro- 
phone. The generally reflected sound to which the directional microphone 
is responsive is, therefore, given by 

-Eb = [1 - (1 _ a) 12.16 


where a = absorption per unit area, absorption coefficient, 

S = area of absorbing material, in square centimeters, 

V = volume of room, in cubic centimeters, and 
£ — time, in seconds. 

The ratio of the generally reflected sound to the direct sound is a measure 
of the recorded reverberation. 


^ ^ 4D^Q [1 - (1 _ 

Ex> 


12.17 


If the sound continues until the conditions are steady, equation 12.17 
becomes 

Er 4D2 

=^^2(1 12.18 


From equations 12.17 and 12,18, it will be seen that the received rever- 
beration can be reduced by decreasing the distance D, by increasing the 
absorption aSy or by decreasing 0. 

For a given room employing a directional microphone, the receiving dis- 
tance can be increased 's/4ir/Q times that in the nondirectional system 
with the same collected reverberation in both cases. 

The absorption characteristic of a studio is shown in Fig. 12.14. The 
direct sound picked up by a nondirectional microphone and two direc- 
tional microphones is the same because the distance between the sound 
source and the microphones is assumed to be the same for all three cases 
(Figs. 12.14S, 12,14C and 12.14D). The generally reflected sound picked 
up by a nondirectional microphone is shown in Fig. 12.145. The generally 
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reflected sound picked up by a velocity or unidirectional microphone in 
which = 4'7r/3 is shown in Fig. 12.14C. The generally reflected sound 
picked up by an ultradirectional microphone in which 0 = ir/lO is shown 
in Fig. 12.14D. The effectiveness of a directional sound collecting system 
in overcoming reverberation and undesirable sounds is graphically depicted 
in Fig. 12.14. 

Directional microphones, in addition to discriminating against noise and 
generally reflected sounds, have been found to be extremely useful in ar- 
ranging actors in dialogue and for adjusting the relative loudness of the 
instruments of an orchestra. 

VELOCITY UNIOIRCCTIOHAL 



Fig. 12.15. Examples illustrating the use of directional microphones. 

A plan view ^ of a velocity microphone and a number of sound sources 
is shown in Fig. 12.15/f. Suppose that sources 2 and S represent two actors 
who are carrying on a dialogue. In view of the fact that this microphone 
receives with the same efficiency in two directions, it is possible to have 
the actors face each other, which is an advantage from a dramatic stand- 
point. Suppose that the sources of sound 1, 2, 3 and 5 represent the 
instruments of an orchestra. All the sources are located at the same dis- 
tance. This means that 1 will produce 0.7 times the voltage output pro- 
duced by 2 for the same loudness. In the same way 3 will be 0.5 of 2. 
Source 4 is considered as objectionable and is placed in the zero reception 


26 Olson, H. F., Proc, Inst. Rad. Eng., Vol. 21, No. 5, p. 655, 1933. 
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zone. With this microphone the relative loudness of these sources can be 
adjusted by the angular position relative to the microphone axis as well 
as the distance. Obviously, this is a great advantage in balancing the in- 
struments of an orchestra. In the case of a nondirectlonal microphone, 
the relative loudness can only be adjusted by the distance. 

The same procedure for balancing the instruments of an orchestra 
may be used in connection with a unidirectional microphone (Fig. 12.15-S). 
The unidirectional microphone is particularly useful when all the instru- 
ments are grouped in front of the microphone and the obiectionable sounds 
originate behind the microphone. 

The directional characteristics of the velocity microphone are useful in 
overcoming objectionable noises.^® It is possible to orient the microphone 
so that the objectionable noise lies in the plane of zero response of the 
microphone as shown in Fig. 12.15C. 

In certain types of recording it is desirable to place the microphone at 
the center of action directed upwards and collect sounds over an angle of 
360° with respect to the microphone. (Figure 12.15D illustrates the use 
of a unidirectional microphone for this application.) 

Other examples of the use of directional microphones are shown in 
Fig. 12.5. 

B. Broadcasting Studios. — In the early days of broadcasting it was cus- 
tomary to make the reverberation time of the studios as low as possible. 
This imposed quite a strain upon the orchestra and singers to keep in tune. 
The almost universal use of directional microphones during the past few 
years has eliminated the necessity of extremely dead studios. As a result, 
the quality and artistic effects of the collected sound are materially 
enhanced. 

The studios in a large broadcasting station should be graduated in size 
and in corresponding acoustical condition to accommodate anticipated 
loading to the best advantage. The control booths should be provided 
with sound proof windows located so that the studio engineer has an un- 
obstructed view of the studio. 

The studios should be insulated against all types of extraneous noises. 
Cinder composition has been found to give very good insulation. Resilient 
mounting of the walls, floor and ceiling reduces mechanical transmission. 

Air borne noises carried in the air conditioning ducts may be suppressed 
by lining the ducts with felt, rock wool, etc., to obtain suitable attenuation. 

Olson, H. F., Jour. Soc. Mot. Pic. En^.^ Vol. 27, No. 3, p. 284, 1936. 

28 Olson, H. F., Jour. Soc. Mot. Pic. Eny:.^ Vol. 16, No. 6, p. 695, 1931. 

2 ^ Olson, H. F., your. Soc. Mot. Pic. Eji^.^ Vol. 27, No. 3, p. 284, 1936. 
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The action of the carbon microphone has been described in Sec. 9.2/^. 
The action of the telephone receiver has been described in Sec. 10.2. A 
simple telephone circuit employing a carbon micro^dione, a telephone 
receiver and a battery is shown in Fig. 10.11//. Employing these three 
elements and a transformer there are large numbers of possible circuits. 
In local transmission the electrical output of the microphone is sufficient 
for the telephone receiver to generate sountl of amjde loud?iess for intelligent 
transmission of speech. In long tlistance telej>hony, vacuum tul)e repeaters 
are used at regular intervals to restore the level of transmission to normal. 
The electroacoustic transducers of the telephone, namely: the micro- 
phone and telephone receiver, have been described in this book, 'fhe 
consideration of circuits, repeaters, automatic exchanges, etc., are outside 
the scope of acoustics and the reader is referred to books on these 
subjects. 

B, Binaural Reproduction. — An ideal binaural sound reproducing sys- 
tem is shown schematically in I"ig. 12.18 
MICROPHONES wliich Indicates that the ilesiretl objective is 

obtained by effectively transferring the audi- 
tor to the }V)int of scenic action through the 
intermediary of ailouble recording and rejn-o- 
ducing channel. d\vo micropliones Mu and 
Mu simulate the ears of a dummy, each 
receiving the component of the original 
sound that would normally be 1 ‘eceived were 
the dummy a human being. I^’.ach compo- 
nent is reproduced through a sej)arate autlio 
channel, each cliannel terminating in a high 
(juality telephone receiser. Each of the re- 
LisTENER ceivers is placed on the projK*!* ear by the 

r, ,r,io CL .• auditor and the sound lu'oduced in each of 

tro. 12.18. Schematic arrange- . . ' 

ment of the apparatus for a his ears will be identical to what wouUl have 

binaural reproducing system. been produced at the original set luui he 

been there at the time. 

The advantages of this system are c]uite obvious; the binaural effect 
is practically perfect, and the reverberation characteristic of the set (which 
should be designed to conform to the scene) is transferred unadulterated 
to the listener. 



Johnson, ‘‘ Transmission Circuits for Telephonic Communicatii >n,” IT Van 
Nostrand Co., New York. 

Olson and Massa, Jom\ Sor, Mot. Pic. Eri^.., Vol. 23, No. 2, p. 63, 1934. 









COMPLETE REPRODUCING SYSTEMS 


311 


There are two serious disadvantages to this ideal system in addition to 
the requirement for a double channel. In the first place, a set of ear 
phones which must he worn throughout the performance and would not 
be tolerated by most persons, is required for each member of the audience. 
Second, in sou ml motion pictures, each listener should be in the same 
position relative to the screen as the dummy was relative to the original 
set. Such a condition is obviously impossible of realization and, conse- 
quently, those members of the audience who are somewhat removed from 
the screen will recognize a binaural effect not in accord with their distances 
from the scene. It appears, therefore, that the practical limitations of the 
ideal system render it undesirable for commercial application. 

C. Auditory Perspective Repr'oduction^^. — In the binaural reproducing 
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system the ears of the auditor are effec- 
tively transferred to the original scene of 
action. A system for effectively transfer- 
ring the original sources of sound from the 
studio to the theatre stage is shown 
schematically in lug. 12.19. The sound is 
picked u]^ by three microphones and am- 
plified in se]>arate channels, each channel 
feeding a separate loud speaker. Uie 
three loud speakers are arranged on the 
stage in the same positions as the micro- 
phones on the pickup stage. One of the 
principal objections to the system is the 
number of channels required. In the case 
of sound motion picture reproduction three 
separate sounil tracks would be required. 

Radio reprotUiction would require three 
sej'jarate transmitters and channels. Some 
laboratory tests have been made in which ^ig, 12.19. Schematic arrange- 

two channels are used instead of three. ment of the apparatus for the 

nM • *. • . imnrrkvp reproduction of orchestral music 

I his arrangement is a distinct improve- perspective. 

ment over a single channel system and 

appears to have commercial possibilities in both sound motion picture®^ 
and radio reproduction. 

In addition to the objections that arise from the need of several channels, 

Idctcher, I !., Jour. Sor. Mot. Pic. Enf!;., Vol. 22, No. 5, p. 314, 1934. 
Maxficld, Collcdgc anti hVielnis, Jour. Soc. Mot. Ptc. Eng.^ Vol. 30, No, 6, 

p. 666, 1938. 
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two Other conditions tend to operate against the ideality of the system . 
The first arises from the fact that the acoustical characteristics of the 
theatre or auditorium are superimposed upon that of the set. Another 
objection arises from the necessity of requiring that the sound sources 
be spread far apart for the best effect. That means that the picture that 

is lieing reproduced should be 
spread out to cover the same dis- 
tance occupied by the sound 
source; otherwise, the sound will 
loud speaker appear to come “ off* stage ’’ in- 
RECEivERs^ stead of from the picture. In 
ATTENUATOR the case of radio rcj>roduction it 
amplifier may be impossible to s]>read the 
loud speakers sufficiently to 
obtain good illustration of ]>er- 
specti ve. 

D. Sound h lotio)i Pic// ire Rrp 7 'o~ 
d/ici/igSysici/i . — A complete sound 
motion picture ret'onling and re- 
producing system is shown in 1^'ig. 
12.20. 'The first element is the 
acoustics of the set. 'The factors 
which infiucnce the collection of 
sound have been discussed in Sec. 
12.3. 'The output of the micro- 
phones is amplified and fctl to 
attenuators termed mixers. If 
more than one microj’ihone is used 
as, for exam]>le, a soloist accom- 
panying an orchestra, one micro- 
phone tor the singer ami one for 
the orchestra, the output of the 

Fig. 12.20. Complete sound motion picture two may he luljusted for the 
recording, processing and reproducing sys- 

is nsiiiilly vised t<> reiliii'c ground 
noise iibove the iijuver limits of 
reproduction. A high pa.ss filter i.s ij.sed on speech w'ltli tlu* lower limit 
placed below the .speech range. 'J'his latter cxpedicnev’ revhiees low (Ve- 
quency noises without impairing the .speech (iiiality. .‘Ui e<|uali/.er is used 
to accentuate the high frequencies to compensate for the film transfer loss 
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at the high frequencies. The following attenuator controls the overall 
volume. 'Fhe output of the amplifier feeds the light modulator and the 
monitoring system. By means of the optical system and light modulator 
the electrical variations are recorded on the film into the corresponding 
variations in density (termed variable density recording) or in area (termed 
variable area recording). The monitoring system is also connected to the 
out]nit ot the recording amplifier. An equalizer is used to adjust the 
fre(|uency characteristic to simulate that of the ultimate reproduction. 
If the monitoring is carried out in a room a loud speaker is used. When 
the monitoring and mixing is carried out on the set, head phones are used 
for monitoring. 

'Fhe negative record is sent to the laboratory and developed. Then 
l^ositivc records of both the sound and the picture are printed from the 
sound and jdcture negatives. These positive records are then developed 
and are ready for reproduction in a theatre. 

'Fhe variable tlensity or variable area record is reproduced in the theatre 
bv pulling it past a slit illuminated by a light and a suitable optical sys- 
tem. 'The resultant variations in light, due to the variable density or 
variable area on the film, fall upon the photoelectric cell and are converted 


into the corresj'jonding electrical variations. These are then amplified and 
fed to equalizers and filters. A low pass filter is used to cut out the ground 
noise due to film above the upper limit of reproduction. An equalizer is 
used to adjust the frequency characteristic to that suitable for the best 
reproduction in the theatre. The attenuator is used for adjusting the 
level of reinoduction. The output of the power amplifier feeds the stage 
loiul s]>eakers and monitoring loud speaker. The monitoring loud speakers 
and the attenuator are located in the projection booth. As a matter of fact, 
the entire system, save for the stage loud speakers, is located in the pro- 
jection booth. A dividing network and a two channel loud speaker system 
are shown in h'ig. 12.20. Of course, any type of suitable loud speaker 
describetl in Cluqner VI 11 may be used. The action of a sound motion 
picture reproducer in a theatre has been discussed in Sec. 12.25 and will 


not be re|K‘ated here. 

In some cases, the original record is re-recorded and additional sound is 
adtled. h'or example, in certain dialogue sequences it may be desirable 
to add incidental music to heighten the artistic effects. In this case the 
tlialogue is recorded first. "I hen this record is reproduced on a system 
similar to the theatre reproducer. 'Fhe orchestra is picked up on the 
stantlard recording system. \ he two outputs are mixed and fed to the 
modulator and a new negative record is made. 
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E. Radio Sound Reproducing System. — A complete radio broadcasting 
and receiving system is shown in Fig. 1 2.21 . 'Vhc factors which influence the 
collection of sound in a broadcasting studio have been discussed in Sec. 1 2.3. 
The mixers and attenuators are used in the same manner as in the case of 



the soimtl motion |>icture sys- 
tem. d'he monitoring system 
and mixer console are located in 
the control room. A sound- 
proof glass wall partition which 
sejKirates the stuilio and control 
room gives the engitieer full 
view of the action in the studio. 
The output of the studio am- 
jdiher feeds the isolating ampli- 
hers and the monitoring system. 
Isolating amplihers feed the 
wire lines to the various trans- 
mitters. In the case of the 
local transmitter, rej’Jcaters are 
not neeiletl ami the outjnit of 
the isolating amj>Iifier is fed 
directly to tlie et]uali'/er and 
limiting amplifier. 'The ecjual- 
izer c(»m]>ensates for the fre- 
cjuency discrimination In the 
line. 'The limiting amplifier is 
of tile compressor tyju* in whitdi 
the ]>eak \olume le\’cls are re- 
diK'cti. 'The limiting amplifier 
is f<»llowetl by an attenuator for 
controlling the input to tlie 


transmitter amplifier. 'The 
amplifier is followed l^y the moilulator ami railio frcijuency oscillator. 
J he output of the oscillator feetls tlie antenna. Tlie m()nitoring system 
at the transmitter consists of a detector coujded to the outjiut of the 
transmitter and followed by an atteiiuator, anijilifier and loiul speaker. 

A very small portion of the radio freciuency energy radiated b\' the trails 
mitter antenna is picked up by the recei\’ing antenna. A t\pical super- 
heterodyne receiver is shown in Fug. 12.21. 'The output of tlie antenna is 
amplified in the radio frecpiency stages and combined with an intermediate 
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rcqiiciu-y oscillator ami feel to the first detector. The output of the first 
leteetor is amplitieil liy the intermediate frequenev amolifier anH rhpn frrt 


ft* 

detector IS lunpiitied liy tlie intermediate frequency amplifier and then fed 
to the second detect! n*, I he audio frequency output of the detector is 
followed hy an attenuator and power amplifier which drives the loud 
speaker. ' 


rhe action !)f a radio 
reproducer in a Tuing room has 
been discussetl in Sec. 12.2,/. 

I e P/ioH fi^^) V i p/i R ( 'p} '(id iichig 
System, A eiMnj'ilete phono- 
graph recording and reproducing 
system is shown in h'ig. 12.22. 
d'lu' general stiniio etpiipment is 
tpiite similar to that of a hroatl- 
casting studio excej'Jt fin* the 
etpiali'/^ers aiul filters. An etiual- 
izer is usc‘d to attenuate the out- 
IMit fed to the (.'utter l>elow 600 
cycles to yield apju-oximately uni- 
form amplitude below 6(K) cycles. 
The Ingh ireijueiuy response is 
aeeentuated in r(.*coniing so that 
a eorrt'sponding attemiation i?i 
the high tretjuetu y respon.se in 
reproduction will effect a reduc- 
tion in ground noise without 
fretjuency discrimination in the 
reproduced sound, d'he cutter 
actuated hy the amplifier cuts 
a spiral wa\ y path in the revolv- 
ing rc'conl corrfS]>()nding to the 
inuliilations in the original sound 
wave striking the microphone. 
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12.22. Complete phonograph recording, 
record pre.ssing and reproducing system. 


In the reeortl plant the original wax is metalized by sputtering with gold 
and electroplating vvitli copper. I he resulting plating is separated from 
the wax and backed by solid metal plate and is termed the master matrix, 
'file master matrix is eIectro]ilatetl with copper. This plating is separated 
from tlu* master matrix and backed by a solid plate and is termed the metal 
mold. 'I'he metal mold in turn is electroplated with copper. This plating 
is sejiarated from the metal mold and hacked by a solid metal plate and is 
termed the pressing matrix. I^y means of a hydraulic press the final records 
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13.1. Introduction. The major portion of this book has been con- 
cerned with the theory, design and testing of acoustical apparatus for the 
rejinulucrion of sound. The ultimate significant destination of all repro- 
duced sound is the human ear. The physiological and psychological ef- 
fects of the reproduced sound are the most important factors in any sound 
reproducing s\ stem. Sounds heard may be classified as speech, music or 
noise. An enormous amount of valuable data relating to speech and hear- 
ing have been collected, d'his data is extremely useful in the development 
and design ot sound reproducing equipment. It is beyond the scope of 
this book to present all the pertinent data of physiological and psychological 
acoustics, id)!* intormation beyond that given in this chapter the reader 
may consult the references. It is the purpose of this chapter to show the 
princij^al characteristics of speech, music and hearing and the relation be- 
tween these characteristics and the objective characteristics discussed in 
the preceding chapters. 

13.2. Hearing Mechanism^. — The hearing mechanism may be 
divitlcii into three parts: the outer ear, the middle ear, and the inner ear. 
ddie outer ear consists of the external ear or pinna and the ear canal which 
is terminated in the ear drum or tympanic membrane. Behind the ear 
drum is the middle ear, a small cavity in which three small bones or ossicles 
form the elements of a meehanical transformer for transmitting vibrations 
mechanically from the ear tlrum to an aperture termed the oval window 
in the inner ear. The casing of the inner ear (the cochlea) is a bony struc- 
ture of a spiral form (two aiul three quarter turns). The cochlea is divided 
along its lengtii into three parts by the basilar membrane and Riessners 
membrane, d hese three parallel canals are wound into the spiral. On 
one side of tlie basilar mciubrane is the organ of Corti, which contains the 
nerve terminals in the form of small hairs extending into the canal of the 
cochlea. 'These nerve endings are stimulated by the vibrations in the 
cochlea. 


Idetelier, ** Speech and Hearing,” D. Van Nostrand Co,, New York. 
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When a sound wave impinges upon the ear, it enters the ear canal and 
causes the ear drum to vibrate. The vibration of the ear drum is communi- 
cated by the lever action of the middle ear to the inner ear or cochlea. 
In this mechanical transformer the amplitude reduction is one-sixtieth 
and the force variation is increased by sixty times. From various experi- 
ments the highest frequencies are associated with the portion of the basilar 
membrane near the oval window. The lowest frequency is associated 
with the extreme end removed from the oval window. For example, in 
the case of 1000 cycles the nerves which are stimulated are those near the 
midpoint of the basilar membrane. 

13.3. Speech. Mechanism^. — The energy required -for speech is 
provided by the lungs in the form of an air -stream. In the larynx a pair 
of muscular strips, termed the vocal chords, form a slit through which the 
air passes. When speaking they are tensed by muscular contraction and 
the passage of air causes them to vibrate. The air then issues in a series 
of puffs of a frequency controlled by the natural frequency of the vocal 
chords. The sound thus produced is not a pure tone but very complex. 
The overtone structure is somewhat under control of the muscular system 
and the air pressure. 

The sound from the larynx passes through the cavity called the pharynx, 
then through an aperture at the back of the mouth, then through the 
mouth cavity and out of the aperture formed by the lips. The two cavities 
are acoustic capacitances and the apertures are two inertances. The 
nasal cavity and nose aperture form a shunt to the mouth cavity. The 
complex tone produced by the vocal chords is modified by the resonances 
of the capacitances and inertances. The size of the cavities and apertures 
is controllable and hence the tone structure of the sound which issues 
from the mouth varies as these constants are changed. 

The vowel sounds are produced by the above mechanism. The con- 
sonants are produced by the air rushing through the various outlets, 
usually of small dimensions. The consonants are of course influenced by 
the resonances of the cavities and apertures. 

A- Artificial Larynx In cases where the larynx has been removed 
by an operation, speech is possible by the use of an artificial larynx. The 
artificial larynx consists of a reed actuated by the air from an opening in 
the front of the throat through which breathing takes place. The com- 
plex tone generated by the reed is conducted by a tube into the mouth 
cavity. The quality of the sounds is modified by the resonances in the 


1.4 

IB 


Fletcher, “Speech and Hearing/’ D. Van Nostrand Co., New York. 
Kiesz, K. R., Jour, Acorn. Soc. Amer.^ Vol. I, No. 2, p. 273, 1930. 
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cavities of the head. In case the air from the lungs cannot be used for 
blowing the reed, a bellows may be employed. 

B. Vocoder^^. — The term vocoder is applied to a system for remaking 
speech automatically from a buzzer-like tone and a hiss-like noise corre- 
sponding to the vocal cord tone and the breath tone of normal speech.. 
Control of pitch and frequency spectrum obtained from the talker’s speech 
are applied to make synthetic speech copy the original speech sufficiently 
for good intelligibility, although the currents used in such controls contain 
only low syllabic frequencies of the order of 10 cycles per second as con- 
trasted with frequencies of 100 to 3000 cycles in the remade speech. 



Fig. 13.1. Contour lines of equal loudness for normal ears. Numbers on curves indicate 
loudness level. Odb = 10^ watts per scjuare centimeter. 0 dl> == 0.000204 dyne per square 
centimeter. (After Fletcher and Munson.) 


13 . 4 . Response Frequency Characteristics of Ears. — The loudness of 
a pure tone depends upon the frequency and intensity. See Sec. 13. 5 for 
the definition of loudness. This relation is revealed in the Fletcher- 
Munson^^ equal loudness level curves shown in lug. 13.1. The 1(X)0 cycle 
tone is the reference tone in these determinations. 'The loudness level of 
other tones is the intensity level of the equally loud 1000 cycle tone. These 
characteristics show that the ear is most sensitive in the region between 

Dudley, Jour. Acous. Soc. Amer.y Vol. XI, No. 2, p. 169, 1939, 

Fletcher and Munson, Jour. Acous. i:)OC. Amer.y Vol. 5, No. 2, p. 82, 1933- 
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3000 and 4000 cycles, llie sensitivity of the ear decreases above and below 
this frequency. The response frequency characteristics of ears are useful . 
and of fundamental importance in the design of reproducing systems. For 
example, the threshold of hearing at 60 cycles is 48 db higher than that at 
1000 cydes. 

In general, sound is reproduced at a levd lower than that of the original 
sound. To compensate for the difference in fiequency balance, due to the 
lower reproduction level, an acoustically compensated volume control is 
used to increase the relative low frequency response as the level is reduced. 
See Sec. 12.2J, 

These characteristics must be considered in the measurement of noise. 
The response frequency characteristic of the noise meter is adjusted to 
correspond to the ear characteristics. See Sec. 11.7. 



LOUDMESS LEVEL IN PHONS 

Fio. 13.Z Londnen Tem loudnwi l«vtL (After Fletcher and Munton.) 

18.5. Loudness of a Sound. — Loudness of a sound is the magnitude 
of tlie auditory sensation produced by the sound. The units on the scale 
of loudness should agree with common experience in the estimates made 
upXHi sensation magnitude. A true loudness scale must be constructed so 
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that when the units are doubted the sensation will be doubled and when 
the scale is trebled the sensation will be trebled, etc. Units on the scale 
are called loudness units, abbreviated L.U. The loudness level of the 
reference tone, expressed in phons, is the intensity level of the reference 
tone (1000 cycles) in decibels. The loudness level of any other sound is 
determined by adjusting the reference tune until it sounds equally loud. 


RELATIVE PRESSURE 

1 10 too s» moo 100000 



Fra. 13.3. The reUtion between the inteniltT level and die londneie of pun tones of the 
frequendea indicated. 0 db ~ 0.000204 dyne per square cendmeter, (After Fletcher and 
Munson.) 

The loudness level of the measured sound is the loudness level of the refer- 
ence sound expressed in phons. A scale ■ showing the relation between 
loudness level, in phons, and the loudness, in loudness tinits, is shown in 
Fig. 13.2. 

The loudness of pure tones of various frequencies is shown in Fig. 13.3. 
For tones between 8(X) and 2)(XX) cycles the loudness is the same for the same 
pressure. The difference is small up to 8(XX) cycles. For higher frequen- 
cies than this the loudness decreases as the frequency increases. Further, 


■ Fletcher and Munson, Jtnir. Aeons. Soe. Amtr,, Vol. 9, No. 1, p. 1, 1937. 
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it will be seen that for a 50 cycle tone the intensity required to reach the 
threshold of hearing is 250,000 times that required for a reference 1000 
cycle bone. 

18.6. Chimge of Pitch with Loudness. — Frequency of a sound wave 
is the number of cycles per second executed by the particles of the medium 
in which a sound is being propagated. Pitch is that subjective quality of 
a sound which determines its position in a musical scale. Pitch may be 
measured as the frequency of a pure tone having a specified sound pressure 
which seems to the average ear to occupy the same position in a musical 



PSEOUCNCY M CVOXS PER SECOND 


Fm. 13.4. Contonii of coutuit loudiMH leval. Carrei ■bow the amount bjr which the 
pitch of * pure tone of any frequency ii ihifted ii the tone ia railed in kniilneu lercl fram 
40 to the level of the contour. For emnple, a 100-cycle tone will Im changed ten per cent 
dowownnl in pitch if niied litim t loudneu kvel 40 to a loudnew level 100, but n SOCtcyde 
tone will be chuiged only two per cent for the lune loudnen level inenue. (After Snow.) 

■ 

scale. Thus it will be seen that there is definite distinction between fre- 
quency and pitch. For example, a tone of a fixed frequency of a few hun- 
dred cycles decreases in pitch as the intensity is increased. The change* 
in pit(^ with loudness is shown in Fig. 13.4. 

18.7. M as kin g — The reduction of the ability of a listener to liear 
one sound in the presence of other sounds is known as masking. In testing 
the masking properties of a sound, pure tones are generally used as the 
masked sound. The number of decibels that the threshold level of a pure 

*Snow, W, B., TioNr. Ae/uu. Soc. Amtr.. Vol, 8, No. I, p. 14, 1936, 

* Wego and Lane, Pkys. Vol. IL No. 2, p. 266, 1924. 

* Fletcher and Munson, Jatir. Atom. Sot. Amtr., Vol. 9, No. 1, p. 1, 1937. 
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tone ifl shiftedi due to the presence of noise, is cnlled the masking in 
decibels at the frequency corresponding to that of the pure tone. 

The masking eflRret of a pure tone, a narrow band of thermal noise and a 
wide band of thermal noise is shown in Fig. 13.5. The figures on each of 
the curres show the intensity level of the masking tone or noise. The 
ordinates, in each of the charts, show the decibels above the tlireshold 
' that the various frequencies must be raised in order to be just heard in the 




S 

8 
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Fio, 13.5. Muldna audiognima for ilngie (reqaeticy tonai, lurmw bands of thcnnitl nobe 
and wide bonds of thermal nous. 'Hic ctirvei ore labeled in db above tero loudnesa (After 
Fletcher and Munaon.) 

■ 

presence of the particular masking tone or noise. Fur example, referring 
to the 40(X} cycle tone having an intensity of 93 db, it is only necessary to 
raise a 2000 cycle tone 20 db to be heard. On the other hand, a lOjCXX) 
cycle tone must be raised 66 db to be heard. 

13.8. Nonllneaiity of the Ear*. — When a pure tone of a suitable in- 
tensity is impressed upon the ear a series of harmonics or overtones of the 
original frequency are heard. Furthennore, when two loud tones are 
sounded together, a group of tones is heard consisting of the sums and 
differences of the two primary tones and their harmonica. 'I'hese phe- 
nomena show that the ear is a nonlinear system. 




•Stevens and Davis, “ Hearing,”.'?. 184, John Wiley and Sons, New York. 
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The senaadon Icvda of the fiindamentaJ at which the various harmonics 
first become detectable,^'* are shown in Fig. 13.6. The subjective efiixta 
of the harmonics generated in the ear are more pronounced at the lower 
frequencies. Furthermore, the harmonics appear at a lower level at the 
lower frequencies. 



racqucNCv' IN crcLXa per' 'sccono 


Fah 13 j 6. Hie krel ebove duohold it wfaicb tunnonici etc genentod ie the ear at vuious 

fiequeocka (After Wesel mid Lens.) 

1S.9i Bfloct (rf Ptwse Relations Among the Hannonles*^^'*''* — 'Die 
phase of a harmonic afiFects the threshold of pierceptible distortion as well 
as the quality of a complex sound* This statement contradicts tlie so 
called Ohm's Auditory Law; that the ear tends to analyze the compounds 
of a complex sound regardless of the phase relations. There is a definite 
phase relation which will produce the greatest loudness and another which 
will produce the least loudness. For example, a harmonic in the actuating 
sound may re-enforce or cancel on aural harmonic. 

18.10* Modu l ation ^ **. — Amplitude, phase, or frequency moduladon 
refers to a change in the amplitude, phase or frequency of a sound wave. 
Suppose that on oadliator is connected to a loud speaker, Fig. 11.6. If the 
volume control is varied, the result is amplitude moduladon. If the fre- 

* Wegcl and LaiKi Phyt. Vol. 23, No. 2, p. 266, 1924. 

■ Fletcher, " Spee^ and Hearinn,'’ D. Van Noitnuid Co., New York. 

• Chapin and Fueatone, Jmtr. Anut. Soe. Amer., Vol. 5, No. 3, p. 173, 1934. 

*• L^a and Larsen, If at. Aead^ Sti., Vol. 23, p. 415, 1937. 

“ Stevens and Davit. *' Hearing,” p. 203, John Wiley and Sons, New York. 

w Seashore, C. E., Psychology of Muric," p. 33, McGraw Hill Book Ca, 
New York. 

** Stevena and Davit, “ Hearing, " p. 225, John Wiley & Sons, New York. 
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quency control is varied, the result is frequency modulation. If the 

position of the loud speaker is varied with respect to the observation point, 
the result is phase modulation. 

The vibrato is used as an artistic embellishment by singers. It Is an 

example of frequency modulation. The average rate of the vibrato is 
seven cycles per second. 

When two tones of nearly the same frequency arc sounded together, they 
produce beats at a rate equal to the frequency diilerence between them. 
In the cose of very slow beats the intensity seems to rise and fall contin- 
uously. Faster b«ts appear as intennittent impulses. 

18.11. Audltoty LoeaUzatUm — The human hearing mechanism 
can localize sounds with great accuracy. This property is due to two 
efiects, namely: the difference in intensity and the difference in phase 
between the sound at the two ears. The difference in phase between the 
sounds at the two ears is due to the difference in time arrival at the two 
ears. The difference in intensity at the two ears is due to difiritotiem. 
Hie pressure at the two ears may be obtained from Fig. 1.5. by assuming 
the head to be a rigid sphere. This assumption has been verified experi- 
mentally. 

The binaural phase effect is confined principally to the lower frequencies, 
namely: liclow 1000 cycles. The binaural phase effect has been utilized 
for the location of airplanes, submarines, etc. 

If attachments can be made to the ears which will virtually separate 
them further (for example, spread the microphones on the dummy of 
Fig. 12.18), then a small rotation of the apparatus will mean a larger dif- 
ference in phase at the receivers than at the unaided ear. Of course, there 
may be ambiguity ns to whether the sound comes from in front or behind, 
but this docs not vitiate the method. 

The difference in intensity at the two ears due to diffraction is very small 
below 1000 cycles. However, at the higher frequencies the difference in 
intensity may be 20 to 30 db. 

The human hearing mechanism is also a directional collecting system. 
Using the system of Fig. 12.18, the reverberation in a room appears to be 
normal. However, if only one microphone is used, the apparent reverber- 
ation will be increased. This indicates that the human hearing mechanism 
is very directional and discriminates against reverberation and other 
undesirable sountls. For this reason it has been found necessary to use 


« Stewart, G. W., Phys, /?«., Vol. 15. No. 5, p. 425,. 19OT. 

“Stevens and Davis, “ Hearing," p. 16"^ John Wiley & &na, 

“Steinberg and Snow, Btll Sjit» JVcA. Vol. 13, No. i, p. 245, 1934 
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either very smell pickup distances or directional collecting systems in the 
monaural collecdon of sound. 

ISili. The Frequency and Volume Ranges of Speech and Music and 
the Sfecta of Frequency Distortion upon Reproduced Sound. — 'I'he fit;- 
quency range of the average normal ear is from 20 to 20,000 cycles. 'I'he 
frequency range of most reproducing channels such ns the rmlio, the tele- 
phone, the phonograph and the sound motion picture is considernhly less 
than that of the hearing range of the ear. It is interesting to note the 
eS^t of the frequency range upon the intelligibility of speech and die 
quality of music. 

The frequency ^ and volume ranges of speech and orchestral music 
are shown in Fig. 13.7. The reproduction of speech with perfect fidelity 
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Vn. 13.7. Ftequencr snd volnme ruin of speech and muaic. (From /(r// Ltiicntarits 

Rmmv, June, 1934.) 

r^uires a frequency range of from 100 to 8000 cycles and a volume mnge 

of 40 db. The reproduction of orchestral music with perfect fidelity 

r^uires a frequency range of from 40 to 14,000 cycles and a volume mnue 
of 70 db. ® 

■nie effect “ of reducing the high and low frequency range uptm siieech 
articidanon is shown in Fig. 13,8. It will be seen that a relatively high 
articulation can be obtained with a very narrow tranami.sslon band. Hi»w- 
ever, the quality of the reproduced speech is very much impnireil by 
transmission over a narrow frequency band. A limitetl range may be 


Bel/ LaimUoHts R 
Fletcher, " Speech 


New York. 
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actually superior to a wider band due to the mtroduction of addidonol 
noises and distortions in a wider band unless particular precautions are ob- 



Fta 13 . 8 . Theeflectofthe fnqaency ningBupon thearticuladonofipeech. Highpui 

filter — all rrequenciet below the fr^uency ^vcn by the abac^ remoTcd. L. Low paa 
filter — all frequenciea above the frequency given by the abaciaM removed. (After Fletcha 
" Speech and Heating," D. Von Ncatrand Co.) 

served. In the case of speeches, plays and songs, a limited frequency range 
impairs the quality and artistic value of the reproduced sound. 



cuTorr rRCQUEHcr in cycles per sfcow 


la 13.9. 'Ilie eflect of the frequenev range upon the quality of oreheatra moalc. H. Hlg^ 
paa filter — all rrajuencica bdow the fi^iiefiey given by the abaciM removed. £. Low 
pea filter — all frequendea above the frequency given by the abadaa removed. (Afta 
Snow.) 


The effect of the frequency range '• upon the quality of reproduction 
of orchestral music is shown in Fig. 13.9. It will be seen that the fre- 
quency range required for no appreciable loss in quality is from 40 to 


’• Snow, W. B., Jour. Aeons. Soc. Amer., Vol. 3, No. 1, Part 1, p. 155. 
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14,000 cycles. A good radio transnutter and receiver in the broadcast 
band will cover a frequency range of from 40 to 8000 cycles and a volume 
range of 50 to 60 db. These frequency and volume ranges will cover the 
speech area of Fig. 13.7, but will not cover the orchestral music area. For 
the latter case some form of volume compression must be used. 

1S.18. Absolute Amplitudes and Spectra of Speech, Musical Instru- 
meats and Qrchsstias — The average and peak outputs of speecli 

and musical instruments are of importance in the design of all types of re- 
producing equipment. For example, the average power output involves 
such factors os the heating of the voice coil, the heating of audio power 
transformers, etc., while the peak power output fixes the overload point 
of the system. 

The ratio of the average sound pressure per cycle to the average total 
pressure of the entire spectrum for speech, various musical instruments 
and orchestras is shown in Fig. 13.10. The ratio of the peak pressure to 
the average pressure of the entire spectrum for speech, various musical 
instruments and orchatros is shown in Fig. 13.11. Ibe peak or total 
power output can be computed from the pressure and the distances follow- 
ing the procedure as outlined in Sec. 1 1 JD. 

18.14. Sffect Ot Nonlinear Distortion upon the Quality of Reproduced 
Speech and Music **'*^**. — In an ideal reproducing system the elements 
are invarient with respect to the time. However, in practical systems die 
elements are nonlinear. These elements introduce nonlinear distortion. 
Some idea of the effect of nonlinear distortion can be obtained from a 
study of the masking curves. From these data it will be seen dint the 
higher order harmonics are noticeable at much lower levels than the lower 
order harmonics. Furthermore, as the high frequency range is increased 
the efifect of the harmonics is more noticeable. In the complex waves of 
speech and music, sum and difference tones ore also an important phase of 
the problem of nonlinear distorrion. 

Tests of music reproduction, on a system with uniform response fmm 
45 to 8500 cycles at a peak level of 80 db, have indicated that 5 per cent 
second harmonic and 3 per cent third harmonic ore noticeable on n. direct 
comparison with a system having less than 1 per cent total distortion. In 

*• Sivtan, Dunn and White, Jottr. Aeout. Soe, Amtr., Vol. 2, No. 3, p. 330, 1931. 

“ Sivian, L. J., Taw. Acorn. Soc. Amtr.y Vol. 1, No. 2, Part 2, p. 1, 1930. 

HadimoT, J. L., EUamtlcJt Vd. 12, Na ll^p. 29, 1939. 

••Stevens and Davis, "Hearing,’* p. 200, jdin Wiley and Sms, New York. 

** Olson and Masaa, “Applied Acouttics, P. Blokiaton's Son and Ca, Phila- 
delphia, 

« Masaa, F., Pne. Inst. Rad. fiv., Vol. 19, Na 5, p. 682, 1933. 
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the cose of the higher harmonics introduced by Class B or pentode output 
systems, a fraction of n |>cr cent is noticeable on direct comparison teats 
with systesns in which these higher a)ni|)onent8 arc very low as, for 
example, Class A otitput systems. 

Comblnatloii Tones and Nonlinear Tranadueen. — In moat of 

the discussions in this book the clastic restoring force of the elements of a 
vibrating system have been considered to be projMrtional to the first 
power of the displacement. If a second power term is included the element 
is asymmetrical, the restoring force being different in magnitude for positive 
and negative displacements. According to most investigators the struc- 
ture of the car is of such an asymmetrical character. 

Assume that the displacement of the nonlinear element may be expressed 
as follows 

y = 13.1 

where f ■■ the actuating force, % 

a a constant, and 

■ 

^ « a constant. 

Supixisc two harmonic forces />■ » po cos U|/ and pi ^ po cm are 
impressed uixm the system. 'I'he total force on the nonlinear element is 

p ^ Pi + ^ = po aw ui/ + po cm uif 13.2 

Sulistituting ctpmtion 13.2 in 13.1 the resulting e(]uation may be put in 
the form 

y “ apt cos ci)|/ + (ipa cos wj/ + ll>p\? cos 2uii + cos 2uil 
-I- cos (U| + ta*)/ + fipi? cos (u)| — Ua)/ ifpQ* 13,3 

Tf the element under consideration is the ear it will be seen that six dif- 
ferent fretpiencies will lie heard os follows: the first primary fretpiuncy 
wi/2t, the second primary frciiiieney ut/'lir, the seiiiiui harmonic of the 
first primary fretpiency «i/r, the second harmonic of the second primary 
frequency oii/ir, the summation fretpiency (ui -j- t^)/2T, the difference 
fretpiency (ui (<ii)/2ir. 'Hie last term Ifp* represents a steady force and 
proiluces no stuind. 

Combination or sum aiul tlifference ttines may be prtxlucetl in any non- 
linear system os, for example, an intense stmntl In the air, in the throat of 
a horn, by overloatled vacuum tulK* anqilifiers, by diaphragms and by 
susjiension systems. 

1S.16* Minimum Perceptible Differences. 'Hie miniimim ]K‘rcep ti ble 
difference in fretpiency ** is of interest in any type of stniiul reprtxliiction 

* Shower aiul Biddulph, your, Aeons. Soc. Amer,, Vol. 3, No. 2, Part I , p. 275, 
iy3i. 
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where ft clinnge or fluxadon in the frequency may occur aa, for example, 
phonographs and sound motion pictures. The minimum perceptible 
change in frequency as a funcdon of the sensation level is shown in 
Fig. 13.12. It will be seen that the ear is most sensitive to frequency 
changes at the higher frequencies. 




Fto. 13.12. 'niB TMuitioii of with ftoquoicj for vtiioui MnMtlon IctoIi. qf ti the 

ebaage in frequency. Seiuetioa level is level ibove thredwkl. (After Shower and 

Dedclulp}i.) 

The minimum time required for a pure tone to excite the ear in order 
to be sensed as a pure tone U of interest in sound reproduction from the 
standpoint of the transient response and hangover. It appears that the 

time is independent of the frequency and is about one twentieth of a 
second. 

The minimum perceptible change m intensity** which the ear can 
detect is of interest in certain types of sound repr^uction where the level 
may change as, for example, (luxations in the voltage gain of an amplifier. 
The minimum perceptible cliange in intensity levd of pure tones as a 
function of the frequency for various sensation levels is shown in Fig. 13.13, 
These characteristics show that the ear is most sensitive to intensity level 
changes at the higher sensadon levels. 

liS.17. Timbre (Tone Quality). — The three physical charactcrisdcs 
which describe a tone are loudness, pitch and dmbre. Loudness and pitch 
have been defined in preceding sections. Timbre is that characteristic of a 
tone which depends upon its harmonic structure os modified by absolute 
pitch and total intensity. The harmonic structure is expressed in the 
number, intensity, distribution and phase relations of its comjwnents. 
Timbre, tlien, may be said to be the instantaneous cross section of the 
tone quality. It ranges from a pure tone through nn infinite number of 

" Fleteher, " Speech and Hearing," D. Van Noatrand Co,, New York, 
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changes in complexity up to a pitehleaa sound such os thermal noise. 
Work**^ has been carried out on the subjecrive measurement of timbre. 
However, the subject of timbre is more complex than that of loudness 
and pitch. 



mwNcr M cvCLCk m icciwo 


Fio. 13.13. The minimum perceptible change In inteniity level of pure tonee ai a function 

of the frequency for various lenaatinn leveb. Sensation level Is level above thredwld. 

(After Fletcher " Speech and Hearing,” 13. Van Nuatrand Ca) 

1S.18. Noise in Reproducing Systems. — Static, hiss, scratch, surface 
noise and hum are terms which have been introduced to describe various 
kinds of noises produced by reproducing systems. A few of the tyjies of 
noises in reproducing systems will be dincussed in this section. 

Tn radio broadcasting systems random noise is produced by thennol 
agitation in conductors, and the small shot effect * in vaaium and fluc- 
tuating noise is due to atmospherics and man made interference. 11) c 
eneigy produced by thennal noise and the small shot effect is proportional 
to the width of the fretjucncy band. 'Phe noise level in n quiet residence 
is about 30 db. See Sec. 1 2.W. I f the noise generated in the broadcasting 
system is below 30 db it will not be noticetl. Of course, the effects of at~ 
mospherics and man made static can lie reduced by increased power. 
Accentuating the high frequency response in transmission and introduc- 
ing complementary equalisation in the receiver will atlucc the noise, since 
the noise is proportional to the Iwnd width. P'or the same reason, fre- 
quency modulation also reduces nense in radio rcprtxlucing systems. 

ScBihoir,CE,^“P8ych(>lciBy of Music,” McfJraw Hill Bewk Ca, New York. 

" Johnson, J. H., Pkyt. Rn., Vol. 32, No. 1, p. 97, 1928. 

• Schottky, W., Ann. li. Phys., Vol. 57, p. 541, 1918. 
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Hum* u another source of noise in radio, phonograph, and sound 
motion picture reproducing systems because practically all of these systems 
are operated from the alternating current mains. Hum is due to inad- 
equate filtering in the high voltage supply and inductive and capacitive 
coupling between the power source and some port of the audio system. 

Surface noise or reoird scratch in phonograph records is due to dirt or 
foreign particles in the groove and to a granular characteristic of the 
record material. The record noise generated in a pickup which produces 
constant output for constant velocity is proportional to the frequency for 
ft narrow frequency band of constant width. It is for this reason that 
scratch is such a troublesome problem at the high frequencies in record 
reproduction. 

Surface noise in film motion picture reproduction is caused by the modu- 
Istion of the light foiling on the photocell, by dirt, scratches and the nat- 
ural groin of the film. In the case of film the noise is proimrtionol to the 
frequency bond width. Noise reduction systems increase the ratio of 
signal to noise in film reproduction by reducing the light to the least 
posuble for the instantaneous modulation. 

Superimposed on the average atmospheric pressure arc fluctuations 
caused by tliermol velocities of air molecules." This noise places a lower 
limit upon the air os a transmitting medium. 'I'he ear exhibits the greatest 
sensitivity between 1000 and 6000 cycles, llie rms sound pressure due 
to thermal noise in this frequency range is alx)ut .0(XX)5 dyne |ier square 
centimeter. The maximum threshold sensitivity of the ear from lug. 13.1 
is .00008 dyne per square centimeter. In very scnsitivc^eara the threshold 
at 1000 cycles may be .0002 to .0001 dyne per w[uare centimeter — that is, 
of the same order of magnitude as thermal noise. For exceptionally good 
ears a further increase in physiological sensitivity would lx: uscleas in the 
presence of thermal noise. It is interesting to nf)tc in passing that the 
thermal noise of the air molecules acting upon the diaphragm of a vei'y 
sensitive microphone may be of the same order os the thermal noise gen- 
erated in the electrical system. 

18.19. Musical Scale. — An octave is the interval between any two 
tones whose frequency is 2 : 1 . 

A tone is a sound giving a definite sensation of pitch. 

A scale is a series of tones ascending or descending in fretiiiency by defi- 
nite intervals suitable for musical purposes. 


"Standards on Radio Receivers, Institute of Radio Engincem, 19.18. 

“ Sivian and White, J«ur, Anus, Sce^ Amer., Vol. 4, No, 4, p. 288, 1933. 
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A cent is the interval between any two tones wlioae frequency ratio 
is the twelve hundredth root of two. 

For the practical production of music a so called equally tempered 
scale has been found to be most satisfactory. The equally tempered scale 
is a division of the octave into twelve equal intervals called equally tem- 
pered half tones. 

The standard pitch for America is based on the frequency 440 cycles per 
second for the tone A on the pianoforte keyboard. The frequencies of a 
piano having on equally tempered scale ore shown in ng. 13.14. 



Fio, 13.14. 11w piano keybojinl bik] the frequendeiorthG equilljp temperetlicale u UKd in 

muidc aconnJing to the American Staiulanl 14tdi. 


The relative frct]ucncies of the natural or diatonic or just scale and tem- 
peretl scale arc shown Itclow. 



C 

U 

E 

V 

c; 

A 

B 

C 

Natural Scale 

I . (XX) 

1.125 

l.2S() 

1.333 

1 .5<)0 

1 . 667 

1.875 

2.000 

'rempcreii Scale 

I.CXX) 

1.122 

1.260 

1..325 

1.498 

1.682 

1.887 

2.000 


Singers ami players of instnitncnts whose pitch can lie varied by breath 
or touch prefer the natural scale to the etjunlly tempered scale Itecnuse it 
seems to lx more artistic. Of course, the difference Ixtwcen the two scales 
is small. However, in the cose of chunls it is said that the tUffcrencc is 
noticeable. 

Pianos and other fixed pitch instruments arc tunetl to the etiually tem- 
pered scale so that music may lx played in various keys without retuning. 
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Absorption coefficient, 275, 279 
Aootutical, annlagien, 49 
capadtonc^ S2 , 79 
ekments, 59, 77 
impedwice, 59, 271 
bridge, 271 
nirrow slit, 78 
small tube, 78 
inertance, 51 
ohm, 59 
refictiutGe, 59 
rcsiatance, 50, 59, 77 
table, 8 

system, one degree of freedom, 54 
three degrees of freedom, 61 
two d^recs of freedom, 60 
wave equation, 4, 7 
Actuator, 248 
Adiabatic, 5 
Air chamber, 150 

Amplitude of, musical instruments, 328 

orchestras, 328 

st^h, 328 
plane wave, 9 
Analogies, acoustical, 49 
electrical, 49 
mechanical, 49 
table, 76 

Architectural aeoustics, 278 
Articulation measurements, 277 
ArtilicinI, car, 270 
mastoid, 271 
voice, 271 

Attenuation of sounti in air, 300 
Audiometry, 276 
Auditory, localixation, 325 
penqiectivc, 311 

Baffics, loud speaker, 127 
microphone, 194 
Bars, longitudinal vilimtion, 44 
torsional vibration, 46 


transverse vibrUion, 38 
clomped, 
clamp^, 40 
liix, 38 
free freci 39 

supported, 40 
Batteryless telephone, 213 
Beats, 325 
Bel, 15 

Binaural reproduction, 310 
Bipolar telephone receiver, 226 
Broadcasting, of sound, 314 
studios, 307 
system, 314 

Cal^t, back enclosed, 130 
reproducers, 129 
Calibration of miemphones, 245 
directional chnractcnatic, 250 
electrical impedance characteristic, 253 
nonhnear diabortion characteristic, 251 
|ihasc distortion choracteristic, ^2 
response freqiiency dinrocteriatic, 245 
pressure response, 245 
elcctmitatic actuator, 248 
pistonphonc, 246 
thermoplionc, 247 
field rcaponse, 249 
Rayleigh disk, 249 
transient resixmse characteristic, 253 
Carbon micrapnetne, 1 72 
double button, 175 
single button, 172 

Cathie ray tube, fur measurement of, 

directional characberiitic, 250 
nonlinear charaetcriatie, 264 
idioBc characteristic, 252 
response characteristic, 257 
transient chnmctcriatic, 268 
Cellular honi, 32, 167 
Circular, clomped plate, 42 
membrane, 40 
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Qrcnlar, ring Kiuice, 28 
aorface aonrce, 29 
Collection of aoutul^ 303 
bnMdcudng atudioi, 307 
directumil micrDphcnies, 189, 203, 213, 

305 

nmdirccticinal microphone^ 185, 305 
reyerbenitian time, 274, 2^ 2%, 308 
a^thetic renrberation, 309 
Combination tenet, 331 
Complianoe, mechanical, 52 
Compound hom, 168 
CompreaaibiUty, 5 
CondenaatioQ, 6 
Gondenaer, driving syatetn, 107 
microphone, 177 
Cone, (aee diaphragm) 

Coni^ hom, 86, W 
Connectora, eiqjonendal, 94 
Conaonuit Bcnindt, 277, 318 
Corrective networks^ 62 
Cryttal, microphone 180 
diaphragm Hctuated, 182 
direct actuated, 182 
pickup^ 235 
tdepnone receiver, 230 
Curved, line source, 25 
surface source, 32 

Cutoff frequency of, eaponential hom, 89 
fUter.TO 
Cyde,3 

Decibels, 15 

Density, various materials, table, 8, 48 
Diaphragms, loud speaker, 142, 171 
Difference tones, 331 
Diffraction, 17 

Dimensions, table, acaustical, 76 
electricai, 76 
mechanical, 76 

Directianal, charactcriatici, circular sur- 
face, 29 

curved surface, 32 ■ 
double source, 21 
exponential ham, 31 
line, circular, 28 
curved, 25 
straight, 24 


piston, 29 
efficiency, 221 

micropl^es, 1 89, 203, 213, 305 
Direct radiator loud spimker, (see loud 

speaker) 

Disperabn of sound, 279 
absorpdon in passing through air, 300 
ardculadon, 281 
general announce system, 296 
intercommunicadng system, 297 
nds^ 291 

nonlinear distordon in plane wave, 302 
paging system, 296 
power requirements, 290 
public address system, 292 
radio receiver, operaring in, automo- 
bile, 290 
living roum, 298 
teverbMdan rime, studio, 308 
theatre, 290 
sound, absurprion, 279 

tabic, 281 

motion picture system, 282 
re-en Pairing system, 286 
transmission through partiduns, 301 
Dissipadon, 56 

Distortion, nonlinear, car, 323 
loud spenker, 1 36, 1 56, 262 
micruphonc, 223, 251 
phonogra])h, 238 
Bubharmonic, 137, 162 
Doppler effect, 16 
Double source, 21 
Driving 8}nitcm8, 101 
condenser, 107 
electrcidynamic, lOI 
electromagnetic, 102 
piezoelectric, 109 

D^amic, loud speaker, (ace direct radia- 
tor luud speaker) 
microphone, 183 
pickup, 238 

teicphmie receiver, 230 

Dyne,6 

Bar, artificial, 270 
mechanism, 317 
rtaponae choracterisdes, 319 
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EfRciency, direct radiator, 1 12 
horn, 145 

Electrical, abohm, 58 
analogiei,49 
elemcntB, 49, 50, 51, 53 
impedance, 58 
reactance, 58 
resistance, 50, 58 

system, one d ^ ree of freedom, 54 
three degrees of freedom, 61 
two degrees of freedom, 60 
Electmdynomic driving system, 101 
Electromagnetic driving system, 102 
Elements, acoustical, 50, 51, 52, 53 
dcctricol, 49, 50, 51, 53 
mechanical, 50, 51, 52, 53 
Encfgy density, smii^, 14 
Equation, emtinuity, 4 
motion, 5, 57 
wave, 4 

Exponential horn, 31, 89 
directional characbaistics, 3 1 
finite, 91 
infinite, 89 
multiple flare, 96 

Feedback, 135 

b'iekl structure, ItoKl speaker, 143, 171 
Miters, (sec wave filtcra) 

Frequency, 3 
fundamental, 3 
range of, music, 326 
speech, 326 
resonant, 59 

General announce system, 296 
Gencrataia of sound, (sec loud spcakcni) 
siruns, 242 
whistl^ 243 

Geo]ihysicnl, (sec seismic) 

Gyration, radius of, 38 

Harmonic, 3 
Hcatl diffraction, 17,325 
Hearing, aids, 
carbon, 241 
vacuum tube, 241 
mechanism, 317 


response characteristics, 319 
nonlinearity, 323 
Helmholtz resonator, 64 
Horn, cullular, 32 
direct radiator combination, 133 
directional chanictcrisrics, 3l, 32 
equation, 86 

finite, characteristics, 92 
conical, 90 
exponential, 91 
gcneitJ, 85 
infinite, conical, 88 
exponential, 89 
impedance, 89 
jMirabolic, 87 

loud speaker, (see lowl speaker horn) 
nnuiifold sections, 96 
multiple flare, 96 
Hot wire microphone, 212 

Imjwdancc, acoustical, 59 
table, 8 

bridge, 271 
car,2ro 

electrical, 58 
honu,92 
mechanical, 59 
motional, 102 
orifice, 84 

iHcillating sphere, 83 
|u|ic, 84, 85 

piston, M 

iniisating sjihere, 81 
slit, 78 
tiilK, 78 
I nductance, 50 
Inductor, niicmphonc, 1 85 
tele|ihnnc receiver, 232 
InertaiKC, 51,7<.f 
Inertia, 51 
Intelligibility, 277 
Intensity of sound, 14 
I ntcrcommunicating Hyatem, 297 

Kinetic energy, 55 

Labyrinth, 132 
Lapel microphone, 212 




Lwyin^ 318, 

artificiiil, 318 
line micrcqihone, 214 
Loagitiidinal vibration ofban, 44 
Loudiiei^320 

Loud speolor, direct nuliator, 1 1 1 
biulea, 127 

cabinet back enclooed, 130 
cabinet open, 129 
diaphragm, 142 
double coil, double cone, 123 
■ingle cone^ 121 
efficiency, 1 12 
feedbau, 135 
itriictutea, 143 
horn combination, 135 
labyrinth, 132 
mechanical networka, 124 
multiple^ aingle cone, aingle coil, 119 
nonlinear dntortion, 136, 262 
phoae inverter, 131 
power output^ 113 
single coil, double cone, 120 
Angle cone, 112 
trannent reaponae, 138, 268 
voice ooU^ 142, 171 
hwn, 145, 

ampiit^ of the diaphragm, 164 
compound, 168 
comp reaae d air, 242 
diapnragnu^ 171 
efficiency, 145 
air chamber, effect of, 150 
generator, effect of, 153 
initial, 146 
maa^ eflectof, 149 
temperature, eflect of, 155 
field structurea, 171 
multiple horn, multiple channel, 167 
■ingle channel, 169 
nonlinear diatortion, 1 56, 262 
air, chamber, eflect of, 157 
gap, eflect of, 161 
lubharmonic, 162 
auspeiuion, eflect of, 160 
throat, eflectof, 156 
power handling capacity, 163, 164 
aingle horn, single channel, 


voice coil, 163, 171 
wails, absorption, 171 
vibration, 171 

operating in, automobile, 299 
living room, 298 
theatre, 282 

teadog, (see testing of loud speakers) 


Masking, 322 

Meafuiement of, absorption coefficient, 

275 

acoustic impedance, 271 
loud speakers, 253 
micTophmie^ 245 
noise, 273 

reverberadon dme, 274 
telephone recmvera, 269 
transraiasion coeffident, 276 
Measurement^ 245 
Mechanical, analogies, 49 
compliance, 52 
elements^ 53 
impedance, 59 
ohm, 59 

phonograph, 233 
reactance 59 
resistance, 50, 59 

system, one de gr ee of freedom, 54 
three degrees of freedom, 61 
two degrees of freedom, 60 
vibradng systems, 36 
Membrane, arculor, 40 
Microphone, batteryleaa telephone, 213 
calibradon, (see calibration of micro- 
phones) 

direcdoniil effidency, 221 
high sensidvity, 224 
hi^ly directional, 213 

Tine tvpe, 214 


line type, 214 
simple, 214 
with, dday, 216 
ptessuic gradient, 
parabolic reflector, 213 
ultradirecdonai, 720 
hot wire, 212 
lapel, 212 . 

motional impedance, 224 
nonlinear distortion, 223 
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Microphnnc, presnirc, 172 
carbon, double liutton, 175 
single button, 172 
oundtmticr, 177 

crystal, (see lueicticltictric) 
inductor, 185 
moving, coil, 185 
conductor, 183 
[Hezoeloctric, 180 
diaphragm actuated, 1 83 
direct actuated, 182 
ribbon, 1 86 
nund power, 213 
thermal noise, 225 
throat, 212 

transient response, 224 
unitlircctionu, 203 

combination {iressurc and velocity, 
204 

directional pattern, 210 
phase, effect of, 207 

sensitivity, effect of, 206 
phase shifting, 210 
velocity, 189 
{tfcsnirc gradient, 189 
velocity, 194 
wind screening 222 
Minimum |a:rccptilile differences, 331 
Mcxies of vilMutHHi of, 
bars, longitialinnl, 44 
torsional, 46 
transvenie, 38 
memhranc, dtvulnr,4fl 
pipes, 47 

plate, circular, 42 
strings, 36 
Modulation, 324 
Motion (Hcture, screens, 285 
sound system, 282, 312 
Musical, instruments, (electrica)) 
carillon, 240 
organ, 240 
(anno, 240 
Vfxler, 240 
scales, 334 

ntually tennwroil, 335 
natural, 335 
tcrmii^334 


Networks, corrective, 62 
mechanical, (sec loud sjieaker) 
ixidstonce, 67 

NcxUI lines, membranes^ 40 
|datc8, 42 
Nodes, 37 
Noise, 273 

in reproducing systems, 333 
surface, 333 
thermal, 333 

Nondirectional microplianes, 172, 305 
Nonlinear distmtion, effect upon quality, 

328 

loud speakers, 136, 1 56 
mkruphonea, 223 
plane wavea, 302 
cor, 323 

Octave, 4 

Ohm, acfxtarical, 59 
electrical, 58 
mechanical, 59 

One degree of freedom, ncnustical, 54 
electrical, 54 
mechonkal, 54 

Orifkx*, circular, lm]Kdancc, 84 
Oscillating s)>here, imix'dnncc, 83 

Paging systems, 2% 

I’nrnUtlic rvf1ecltir,213 
Particle velocity, plane wnvc, 9 
H|4K.Ticn] wave, 12 
stationary wave, 13 

l>k;ri(xl. 3 

I PerMalic quantity, 3 

I’hiise, effect of, 324 

in, hiud speakers, 167, 267 
micnqdioncs, 195, ^)7, 252 
inverter haul siwakcr, 131 
nieitsurenH'nt, 252, 267 
shifting micnqduMies, 210 
s|)hcncol wave, 10 
1^ inoonqih, tlintvirtion, 238 
niecniuiical, 233 
pickup, 23*^ 
crystal, Z35 
dynamic, 23K 
magnetic, 236 
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Phonograph, reproducing syitem, 31 5 
" R *' netwDfki, 69 
ReaoelectTic, driving lyatem, 109 
microphone^ 

diaphragm actuated, 180 '' 

direct actuated, 182 
picjcup,23i 
telephone receiver, 230 
Rpea, closed, 47, 84 
open, 47, 84 

Pii^, vilntit^ direcdonal, 29 
iinp^Bnce,80 
Ratonphone, 246 
Rbch,322 
Ranewavea,? 
amplitude, 9 
particle vclodtj, 9 
pieasure,9 

Rate, dfcular damped, 42 
Point aource, 19 
Potason’a ratio, table, 48 
Potential energy, 55 

Po w er , handling capadty of loud apeak- 

era, 113, 163, 164 

outpnt of, loud apeakers, 113, 163, 164 
mirakal inatrumenta, 328 
apeech,328 

Preaai^ g^ient mictophone, 189 
microphone, 172 
sound, effective, 6 
instantaneoua, 6 
maiimum, 6 
peak,6 

Public addieas system, 292 
Pulsating sphere, impedaiKc, 81 

Quantities, table, acousdcol, 76 
dectrical, 76 
mechanical, 76 

Badiation leaiatance, 80, 81, 83 
Radio, receiver operatiiig in, automobile, 

299 

living room, 298 
sound reprodudng system, 314 
Rayleigh disk, 249 
Reactance, acoustical, 59 
dectrical, 58 


mechanical, 59 
Reflector, 213 
Refraction, 1 7 
Resistance, acoustical, 59 
dectrical, 58 
medionical, 59 
networks, 67 
Resonant frequency, 59 
bars, longitudirml, 44 
torsional, 46 
transverse, 38 
definition, 59 
membrane, circular, 40 
one degree of freedom, 54 
plate, drculnr, 42 
pipcf,47 
string, 36 

Response characterisrica, (sue enra, loud 

speakers, microphonuH, tde- 
phonc reccivurH, testing) 
Reverberation time, 274, 279, 290, 308 
Ribbon microphone, 186, 194 
Rochelle salt, (ace piezoelectric) 

Rotadi^ microphone, 260 

Screen, motion picture, 285 
Seismic detectors, 243 
Sirens, 242 
Slit, narrow, 78 

Sound, 2 

distribution loud speaker, 143 
energy density, 14 
intensity, 14 
pressure, effective, 6 
instontanuous, 6 
maximum, 6 
peak, 6 

Source, drculnr, ring, 28, 29 
surface, 29 
curved, line, 25 
surface, 32 
double, 21 

exponential horn, 31 
point, 19 
straight line, 24 
Speech, ardficiai larynx, 31 R 
frequency range, 326 
me^aniBn,3I8 
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Speech, ponrer, 328 
vocoder, 319 
Sphe^ oe^Uting, 83 
impediuice, 83 
puliatliif^ 81 
impedence, 81 

Spherical wave, particle velocity, 12 
phase angle, 12 
preanirc, 11 
Stationary wave, 13 
Strings, 3fj 
Subharmonica, 3 
distortion, 137, 162 
Supersonica, 243 
Symbols, tobk, acoustical, 76 
electrk»I,76 
mechanical, 76 
Synthetic reverberation, 309 
Systems, driving, 77 

networks, 69 

Talilc, alMorptkai coefficients, 281 
ocouaric ruustanccs, 8 
decibels, power and voltage ratios, 

16 

dcnritica, 8, 48 
dimensions of quantities, 76 
musicnl scales, 335 
noise, in varkau locations, 293 
rctluctkxi thniugh various stnic* 
tuns, 302 
Poisson's mrioH, 48 

quantities; electrical, mccliunicnl and 

acoustical, 76 

symbols; electrical, mccliunicol and 

acoustical, 76 

imit8,76 

vducitiesof wnind, 8 
Young’s imxiuli, 48 
Tclqihcuie, 309 
receiver, bitailar, 226 
crystal, 230 
dynamic, 230 
inductor, 232 

testing, (see testing of tdqihone 
receivers) 

Testing of, Ifxid H|K'akerH, directional 

characteristic, 2C>I 


efficiency liwuency characteristic, 

265 

impedance frequency characteristic, 
268 

nonlinear distortion characteristic, 
262 

phase distortion characteristic, 267 
response frequency characteristic, 
254 

apparatus, 255 

automobile measurements, 261 
calilwation of equipment, 258 
living room nieasurcnieiita, 261 
response, definition, 254 
theatre measurements, 261 
subjective measurements, 269 
transient response charActcrisric, 268 
telephone receiver^ artificial, ear, 270 
mastokl, 271 

oliiectivc measurements, 270 
subjective meosurerntmts, 269 
Thermal noise in niicrojihoncs, 225 
'I'hcrmaphone, 247 

'rhrcc degrees of frccdcan, acouaticnl, 61 
electrical, 6 1 
mechanical, 61 
I'h mat microphone, 212 
llmbrc, 332 

'I'orsional vilmitkHi of Iwia, 46 
'['mnnliicvr, 4 

'I'nuisiunt responso, knal speaken, 138, 

268 

miemnhone^ 224, 253 
Tnuutniwunn, in tiiltcs, 97 
one medium to another, 98 
thniugh partitkms, 276, 301 
I'ninsvenic vibration, bars, 38 
strings, 37 
Tula's, lined, 100 
small, 78 

transnilHsinn in, 97 
Tuning fork, 39 

Two degrees of freedom, anHisticnl, 61 
electricnl, 60 
mechanical, 60 

Ultradirertional miemphone, 220 
L'nklirectional micnqihone, 203 
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